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FOREWORD

Among the responsibilities assigned to the Office of Technology and

Standards, National Communications System (NCS), is the management of the
Federal Telecommunication Standards Program, which is an element of the

overall GSA Federal Standardization Program. Under this program, the NCS,
with the assistance of the Federal Telecommunication Standards Committee,
identifies, develops, and coordinates proposed Federal Standards which either

contribute to the inteoperability of functionally similar Federal

telecommunication networks or to the achievement of a compatible and efficient
interface between computers and telecommunications. In developing and

coordinating these standards, considerable effort is expended in initiating -
and pursuing joint standards development efforts with appropriate technical
committees of the Electronic Industries Association, the American National
Standards Institute, the International Organization for Standardization, and
the International Telegraph and Telephone Consultative Committee (CCITT) of
the International Telecommunications Union. This Technical Information

Bulletin presents a reprint of questions allocated to CCITT Study Group XVIII

for the 1981-1984 plenary period (document COM XVIII - No. l-E). These

questions, relating to the Integrated Services Digital Network (ISDN), provide
an insight into the direction international standards and networks are
heading, and how they will look in the f ture. Any comments, inputs or

statements of requirements that could assist in the advancement of this work

are welcome and should be addressed to:

Office of Technology and Standards
National Communications System

Washington, DC 20305 - -

Telephone (202) 692-2124 /
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QUESTION l/XVIII - General network aspects of an Integrated Serv-ices iital

Network (ISDN) (continuation of part of Question i/XVIII,
studied in 1977-1980)

This Question is concerned with overall studies related to the general
features of future Integrated Services Digital Networks capable of satisfying the

requirements of many different services. Study Group XVIII will define the scope and

framework of an ISDN and identify the se-vices which may be incorporated in such

networks. It will study the evolution of Integrated Digital Networks (IDNs) dedicated
to specific services (e.g., telephony, data) towards an ISDN.

The objectives will be to define overall network and system principles which

can form a basis for study and Recommendations by appropriate specialist CCITT

Study Groups. The generic features appropriate and applicable to an ISDN will be

identified together with optional service dependent features applicable to part of an
ISDN.

The study of the following five related aspects will take into account the

considerata arising from studies carried out during the 1977-1980 study period as
recorded in Annex A to this Question. In addition, the multiple aspects of this work
require coordination between the various Study Grou--- -ivolved (e.g., Study Groups III,
VII, XI, XV, XVI, XVII and XV).

Some of these Questions have to be studied initially by Study Group XVIII,
with high priority, to enable other Study Grotps to initiate or continue their work

and to draft Recommendations within the current CCITT study period. In other cases

Study Group XVIII needs information from other Study Groups in order to make progress
in its own network studies.

Recommendation No. G.705 provides information and f ture developments of
the ISDN.

Studies of ISDN aspects were carried out under Question 1/XVIII during the
1977-1980 study period and a partial reply to that Question is reproduced as Annex 1
to this new Question. Annex 2 records many points already identified and of relevance
to the ongoing studies. Annexes 3 and 4 contain significant information which was
not fully considered before the end of the study period. These Annexes are also of
relevance to other new Questions of Study Group XVIII.

Note : The Chairmen and Vice-Chairmen of the Study Groups involved (Study Groups III,
VII, XI, XV, XVI, XVII and XVIII) will jointly assess the progress made by the various
Study Groups and initiate any steps necessary to expedite the work. This should take
place at about the middle of the study period (e.g. beginning of 1982), with the
Chairman of Study Group XVIII acting as convenor for this coordination.

Considering

a) that the requirements of data transmission services and several new non-voice
services are being studied by CCITT.

Note In several countries services dedicated digital networks are already in service
or will be instL~ed for non-voice services that may use part of the ISDN for access
to this network.

(22)
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b) many countries wish to adopt a comoon strateg for extending the use of
Integrated Digital Networks (IDN) beyond the telephony application to form Integrated
Services Digital Networks,

c) telephony service will constitute the major portion of the carried load on i
digital networks characterized by time division transmission and switching and
common-channel signalling,

i) efficiency and econony of methods of access to the 1SDN from customer
terminals are significant factors in planning the local network,

e) CCITT Reco endations on digital switching and inter-exchange signalling,
which take into account the future evolution of the IDN fcor telephony towards the
ISDN, are already available in the Q series and may form the basis for further
Recomendations on ISDN.

Point A. Service aspects

1. Which services should be taken into account in the establishment of
network features of the ISDN 7

2. What are the network features needed to support these services 7 Which
network features should be regarded as general throughout the ISDN, and which should
be classed as service dependent for particular service applications ?

Note : Among other network features, attention should be paid to charging so that
adequate information could be made available for charging purposes.

3. For which services, if any, should a change of service on an established
connection be envisaged ? What are the implications and requirements of such a
feature ?

4. What kinds of leased paths will be required in the ISDN when it is in
widespread operation ?

Note 1 : Services should be identified which will supplant existing lersed line
services.

Note 2 : Consideration should be given to the use of semi-permanent connections,
closed user group and hot-line features, remote switching units etc.

Point B. Network aspects

1. What are the principles in terms of network structure and systems
architecture which define the ISDN and which form the basis t 'r study of specific
aspects ?

2. Should layered protocols and functional layers be adopted for ISDN to form
the basis of CCITT Recommendations ? If so, what are the characteristics of this
layering, and in which way is the cr ,cept of functional layers used with respect to
sub-systems, such aS, e.g., the signalling channels ?

3. What are the implications of ISDN on numbering plans and service indicators
for telephony and other services ?

4. What methods of voice band encoding other than standard PCM (see also
Question 7/XVIII) and what forms of digital speech interpolation can be considered in
relation to the evolution of the ISDN ?

(22)
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Point C. Customer access

What are the principles in terms of network structure end s vntems

architecture which define customer access to ISDN and which show.d form the basis of
studies of related transmission, switching, signalling and interface aspects ?

Point D. Interworking

What are the principles which should form the basis for detailed study of .ne
interfaces interconnections and interworking between ISDN and service dedicated
networks ?

The following specific points should be inc '*4 in the studies

i) At what point in the connection should spc'. .. ., ,cessing for interworking

be accomplished (e.g. . in the originating o. -.er inating country) ?

ii) What networks should be given preference to complete connections in a transit
call situation ?

iii) What special problem arise from the use of ISIS to provide interconnections
of particular services (e.g., according to X.21, etc.) via different
networks, and what restrictions or restraints should be placed on services
or networks when interworking (e.g., to accomodate accounting, timing and
signaling, features) ?

iv) What methods should be recomended for acccsing oe network from another ?

v) How should conversions be accomplished (e.g. data to data, voice to data) ?

vi) What arrangements or procedures are needed to accommodate the accounting
function for a connection involving mixed networks 7

vii) What influence would different national applications of service integration
have on the international network with regard to interworking ?

viii) What special problems arise from the use of ISDN to interconnect networks
carrying services to existing standard terminal interfaces 7

ix) What are the possibilities of application of service bits allocated in
primary PCM and higher order digital systems in national and international
digital networks ?

Point E. Guidelines to facilitate evolution towards ISDN

Which strateg should be followed in order to facilitate and speed up the
establishment of a worldwide ISDN ?

Note : It should be taken into consideration that, in the introductory period, it Will
be necessary to establish an all-digital network mainly for the needs of "business
subscribers" who represent only a small percentage of the overall number of subscribers
but who originate a substantial portion of the traffic. It may be useful to create a
digital "overlay network" in each country and to interconnect these national networks
by digital links.

(22)
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Anne% 1

(to Question l/XVIII)

Partial reply to Question I/XVIII,' point A
(study period 1977-1980)

S1. • Introduction

During the 1977-1980 study period, members of Study Group XVIII have
reflected increasing interest in ISDN as a possible means of enhancing
telecommunication networks to support an increasing range of services. An important
aspect of the work has been the extension of digital techniques to the pustomerse
premises to give digital access to ISDN.

The relevant part of Question XVIII/I is reproduced for referepoe
purposes :'On what general phil6sophy should the design and introduction of digital

systems be based ? For example, what principles should be applied for the
implementation of dedicated integrated digital networks (IDNs) for various services

and what provisions should be made to facilitate the evolution towards the possible

future integrated services digital network (ISDN) ?"

2. Recommendation G.705 provides information eoncerning the future
development and evolution of the ISDN.

3. In view of the urgent interest in general ISDN matters, and the availability
of recent documentation which had not been fully discussed before the final meeting
of Study Group XVIII, it was agreed that a means should be found of continuing the
work and preparing documentatin to form an early input to studies in the next
study period. Although the formal CCITT organization does not make specific provisions
to continue studies during the transition period from one plenary period to the next,
Study Group XVIII invited the Rapporteur for ISDN aspects (Question I/XVIII, point A
of the 1977-1980 study period) to continue work by correspondence with delegates of
other countries who had already expressed a wish to participate in this work. It was
also foreseen that it might be desirable to have a meeting of those involved very
early in the next study period. An approach would be made to the Chairman designate
of Study Group XVIII to make the arrangements, should such a meeting be necessary.

4. In order to give some interim Auidance to national studies of ISDN and related
development work, Study Group XVIII drew attention to the points of view expressed in
the following paragraphs. These were supported by Study Group XVIII and therefore
reflect confidence in the approach indicated. The points are recorded under headings
which identify different aspects of ISDN and facilitate separation of the subject
into reasonable study areas.

5. Service aspects

Information exists on a wide range of existing and new voice and data
services, and it is recognized that ISDN has generic features capable of supporting
many of these. In addition there is scope for adding service-dependent features to
appropriate parts of the network to satisfy particular requirements or to give
interworking access to service-dedicated networks. Thus the possible implications

U (22)-
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of all services will need to be considered in the future, but it is proposed that
initial attention should be concentrated on

- Digital telephony to ensure that adequate provision is made for the
predominant service.

- New services for which the capabilities available on ISDN are sufficient.

6. Network aspects

The telephone network will evolve towards an IDN with switched 64 kbit/s
telephony channels and it is expected that other services would be integrated with
that network during evolution towards an ISDN.

Constraints may be placed on the use of the 64 kbit/s capacity to accord
with internationally agreed standards for some services. Connections through ISDN
could be switched or semi-permanently connected and "wider-band" services may be
carried by using multi-slot connections at n x 64 kbit/s. All ISDN exchanges are
expected to have stored program control and inter-change signalling (CCITT No. 7
enhanced), with digital transmission paths on routes offering full ISDN service
capabilities. Provision must be made for restricting service when interworking with
equipment or networks having limited capability (e.g. calls routed through
transmultiplexers or into the analogue telephony network).

7. Local network access

Digital transmission techniques in the local network will extend ISDN
to custameri premises over a basic access which may, for example, be at 72 or 80
kbit/s. Other types of access will be considered as appropriate. The basic access
will then provide a 64 kbit/s information channel and a separate channel. The
64 kbit/s channel may be dedicated to a particular service or used alternatively for

-voice or data, and on an established digital connection the path may be sub-divided
for several lower-rate services. Capacity of the separate channel is expected to be
8 or 16 kbit/s and would carry customer/network signalling and possibly low speed
telemetry.

Two methods of further exploiting the separate channel have been identified

i) One method foresees that the separate channel would be dynamically
allocated also to carry a form of data-message service.

ii) In another method the separate channel would be sub-multiplexed into two
channel., of Al and A2 kbit/s. One of these channels would be used for data
services at up to A2 kbit/s in the local network, with rate adaptation for
switching through ISDN at 64 kbit/s. The other at A1 kbit/s would carry
customer/network signalling for the 64 and A2 kbit/s channels, and possibly
low speed telemetry.

Alignment information for the basic access should also be provided, e.g.
exploitation of the line transmission system; allocation of capacity within the
72 cr 80 kbit/s.

Where justified (e.g. PABXs) a primary order digital path carrying a multiplex
of 2- or 30 channels may be extended to a customers' premises, to provide several
64 kbit/s channels (see also paragraph 9). Customer/network signalling may be
concentrated in one 64 koit/s channel. This structure could also apply where a group
of ISDN customers are connected via a multiplexer in the local network.
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8. Customer interface

Figure 1 shows the functional elements of customer access to ISDN and
interfaces A and B apply to the customer premises. A considerable amount of further
study is needed to establish preferred arrangements for connecting the wide range of
voice and data terminals, some of which already exist with defined interface standards.
Possible ISDN accesses at 72 or 80 kbit/s and 1,544 or 2,048 kbit/s would apply to
interface B and little would be needed in the form of Network Termination for
terminals which conform to these accesses. Connection of other terminals at interface
A would require appropriate conversion functions iif the Network Termination.

The layered model approach, devised for data services (see Study Group VII
reference) may offer a convenient method of assisting the definition of the
characteristics of interfaces A and B, which must be studied in conjunction with the
customer/network signalling (paragraph 10).

A B C C 0

m il mI ii I I IJ .... .....

cTr - 011o

CT - Customer Terminals

NT - Network Termination

LT - Line Termination

ET- Exchange Terminal

Figure 1 - Functional interfaces for digital local access

9. Local network transmission

Standards are available for digital transmission between exchanges and these
could form a basis for transmission in the local network. Studies of ISDN access show il
a need for at least two types of system : one operating at current hierarchical rates
(e.g. 1,544 or 2,048 kbit/s) ar.1 another to carry the basic access proposed in
paragraph 7. Future studies may identify the need for other systems, including a
smaller capacity multiplex for operating over existing local network cables.
Specification of interfaces B and D will allow evolution of the transmission system
somewhat independently of terminal and exchange equipment, in particular it is
expected that new transmission media including optical fibre, coaxial and radio systems
will be used as appropriate.

10. Customer/network signalling

Digital accese to ISDN will include a separate channel to carry customer/
network signalling and possibly other information as described in paragraph 7. The A
Link Access protocols of the signalling system carried in this channel may be based
on the exchange of frame formatted information using procedures similar to those
rrcomended in level 2 of SS CCITT No. 7 and Recommendation X.25. This approach should
give a very flexible, open-ended signalling capability, compatible with the requirements
of new telecommunications terminals. The use of modern technology should ensure that
the relative complexity of this method does not lead to excessive cost.
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The Call Control aspects of the customer/network signalling require further
study, taking into account information relating to existing telephony service
(loop/disconnect and multi-frequency push-button systems) and circuit switched data

services (X.21).

The customer/network signalling should also operate where a multiplexer is
used in the local network. Signalling messages could, for example, be concentrated/
distributed between several digital local lines and a conn channel to the local __

exchange. This application would be very similar to the digital PABX served by a
multiplex system and the studies of customer/network signalling should consider both
situations.

U1. Switching asecti

Digital trunk and local exchanges are already required to operate witi, digital
transmission systems, and primary and secondary order multiplex interface standards
for digital exchanges are available at 1,544, 2,048 and 8,448 kbit/s. To a large
extent these standards could apply also when multiplex systems are used on the
local network side of the exchange.

A new interface must be specified for the basic access described in paragraph 7,
giving due consideration to the means of implementing conventional telephony functions
(BORSCHT) and including any adaptation of other services for switching at 64 kbit/s.
This interface may be similar to that existing at the local access to a remote
multiplexer or concentrator.

12. Interworking

While it has been recognized that ISDN may be used as a means of access to
service-dedicated networks the interworking arrangements have not yet been studied
in detail. However, interworking in such cases is expected to be at the inter-exchange
level, possible via nominated "gateway" nodes, and the arrangements could be baaed on
specifications existing for inter-exchange signalling. (ZCITT No. 7 as used in the
telephony network, X.T5 as used in Packet Data Networks and X.60 as used in Circuit
Switched Data Networl-s )

13. Numbering and addressing

Study Group lViII recognizes the importance of the numbering and addressing
arrangements where different services are carried on an integrated services digital
network. Since the telephony based on IDN is expected to be an important basis for
the development of the ISDN, the numbering scheme could similarly grow from that
used for the telephony service. Further study is needed to establish a flexibile
scheme, with a degree of independence between the identity of a network termination
and the services available to a customer on that termination. The Study Group VII
proposals fcr dedicated data networks have some relevance.

~- °-=- _
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Annex 2

(to Question I/XVIII)

A basis for study of ISDN I
Studies of the arrangements for customer access to the ISDN through

Contributions and discussions have lead to the establishment of some study pointc
relating to system structure and network architecture. These points are generally
considered to be a good basis for the on going studies but the increasing volume of
documentation and related discussion is making it more difficult to locate the

information. This Annex contains a first draft which may be used as a common basis for
further study of the ISDN and customer access arrangements.

For this Annex the points have been largely extracted from existing
Study Group XVIII documentation, modified by discussion where necessary, and reproduced.
It is intended that an edited and possibly extended version should be made available
for the April 1980 meeting of Study Group XVIII, and later annexed to the ISDN
Questions for the next study period.

The points in this Annex are divided into different aspects (network,
signalling, transmission, interfaces and terminal) and are mainly related to the
emerging 64 kbit/s IDNs.

The material consists of various views and ideas that have been presented
in documentation. They do not constitute an agreement that this is the way an ISDN
will develop. In fact several of the points may be inconsistent, incomplete or not
mutually exclusive.

Further studies are required to consolidate these ideas and to formulate I
a-reed principles upon which furter work may be based. It is particularly important

that interface and signalling concepts be agreed early so that the detailed
de-elopment of appropriate Recommendations may be undertaken.

Future studies are expected to provide clarification and elaboration of
these points, leading towards the establishment of the main principles for ISDN. It
is acknowledged that new techniques and technologies may emerge, together with further
network and service option, and these will lead to the establishment of additional
points as and when the need arises.

N1 The telephone network will evolve towards tn Integrated Digital letwork (ow)@
with switched 64 kbitls telephpay channels and it va expected that other
services would be integrated with that network during evolution towuads
an Integrated Servi -s Digital Network (ISMo).

N2 The introduction of new services mt not piejudiee telephoy which vat
expected to predminate indefinitely.

Dependent on the need of the individual subscriber, flexibility should exist to
provide various access types e.g.

a) many subscribers may require only dedicated access to a particular fundamental
service on the ISDN (telephony or data);

() S
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b) some customers may require alternative access, on a call-by-call 
basis, to two

or-more serices; _--

c) some customers may require simultaneous access to two or more services;

d5 supplementary services such as listed in Recommendation X.2 and possible in

51. telephone exchanges should be possible in a harmonized form for data and telephony

(e.g. network recall, closed user groups, call deviation etc.);

e) new service forms such as with multi-purpose terminals including the capability

-voice to non-voice or the simultaneous use of both are to be expected.to chang e from= iet

r;3 Flexibility is needed to permit p ,ogrssive introduction of various new

services, many of ibich are not yet voll defined. The objective would
therefore be to establish network capabilities for subsequent exDloitation.

The ISDN-access arrangements should be optimized for digital services although
due account should b ' taken of the large and continuing population of analogue
telephone and lines

145 In studying features of customer access attention should be paid to the
usefulness of structuring the interface in functional levels in order
to avoid unnecessary constraints on technological evolution. It is

important to establish a level for the ccmon telephony interface,
as a basis for the multi-service ISDN terminal.

16 While it is recognized that customers will have access to a local
concentrator or exchange, and that the local exchange will provide any of
the basic telephony and perhaps other services, some specialized services need -

not be provided by all local exchanges. The concept is that local exchanges ca.n*
provide access, on a call-by-call basis, to other exchanges in the network which car be
regarded as special nodes because they provide additional service capabilities. Access

to such nodes could for example be on demand following class of service or selection
information, or on a hot-line basis for every call from a particular customer. One -

example of such use of the ISDN would be in the provision of access to a data packet
switching exchange. It _s recognized that this concept would signifi;c&tly influence
the st dies of customer access to the ISDN.

117 During future studies, some considerations should be given to the possible
use of transmission rates lower than 64 kbit/s (e.g. 32 or 16 kbit/s) for telephony
paths in the network, and the effect such paths might have on other customer services I
in the ISDN,

A9
iS During future studies, some consideration should be given to the possible use
or bit saving techniques e.g. differential encoding for providing "wideband speech" at A

64e kbit/s.

--11'9 Future studies of ISDN access should take into account the probability that

a, Integrated Services Digital Networks (ISDN) for telephony, data
and other services will be growing rapidly in the next few years;

the cost of extending digital transmission to the subscriber's location
can be expected to become progressively lower;

- new services and facilities can be provided by taking Advantage of the
-nnerent character;istics of the ISm;I

new signalling arragements will be needed both from exchange to subscriber
and subscriber to exchange;

(22)
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1410 a) There is a need to develop within a common framework coherent arrangements
for customer access to different services provided by the ISDN;

b) such arrangements have to allow various network architectures, taking into

account the varying conditions in different countries;

Nil In an Integrated Services Disgital Network (IS y) a connection z~Ybe

required fcr a call which:-

i. is exclusively voice (V) service, including unstructured information;

ii. is exclusively Digital Non-Voice (ti4V) service;

iii. changes from Voice Service to Digital Non-Voice Service or vice-versa

during the call to provide alternative services. I
iv. voice and non-voice services on a wholly digital connection to provide

services which, to the user, appear to be simultaneous;

N12 OAnother aspect needing an early decision is that of continuous trans-
mission of signals on the subscriber line, even under idle conditions
between calls. Some signalling methods and supplementary services
(e.g. burglar alarm etc.) inAY only be implemented when the subscriber line
transmission system is. operating continuously.

fSome administrations are preparing plans for extensive introduction
N!3 of digitl transmission and switching equipment, and studying ways

of exploiting the emrging digital network by extension of the IDN
capabil;ties dowit to the premises of customer who can utilise those
capabilities. These networks will not be extensive in the early years
but suitable standards are needed to encourage steady evolution.

The national conditions for service integration may differ between

N14~ ccuntries and evolution towards an integrated services network

will vary accordingIy. In order to provide a comnon basis for inter-
national standardization of digital networks, however, it is essential
to adopt a comon strategy for developing an [SON from the telephony
ION.

These varying conditions give rise to the following objectives:

- Introduction of new services and facilities should not give
significant cost penalty to the major telecommnication service

In the network

- as introduction of new services and facilities will be a continuous

process, the approach to sevice Integration should be open-ended

Customer access types
N15

Customer terminals and digital PAsX will evolve rapidly with techno-
logies like microprocessors, automatlon in the office sector a.d the

definition of new services. An appropriate definition of the customer

access to ISDNi is therefore of utmost Importance. Whilst aiming at a
flexible and openended approach to new services and customer terminals,

a limited number of customer access types should be standardized. In

a first phase of CClTTstudies the following access types are proposed;
see also Figure I.

i(22)
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P N6 Basic ISDN access type

This comprises

a) a 64 kbit/s digital path for

(I) digital voice at 64 kbit/s, or

(11) digital data including Riecommendation X.1 data user _

classes with rate adaptation up to 6!. kbitls *or

(111) combioad digital voice and non-vice at 64 kbitls (e.g.
56 kbitls digital voice together with 3 kbitls data)

While some customers will require dedicated access to only one
of these service options. provision should be mades for alternative
operation an i call by call basis. and for changing during an
established call. Limitations to this latter feature will be
encountered tn mixed analoguedigital networks.

b) A separate digital Path at a rate much lover than 614 kbit/S
for:

() customer/net"WOrk signalling for services in (a); and

(i) other services such as telemetry information (e.g. customer alarms); anid,

- (iii) spare capacity for future requirements.

An example of the basic ISDN access type incorporating the features listed
above is given in Figure 2. It should be noted that Some additional bits--

have been provided for alignment purposes for use when the transmission
system does not provide alignment.

N117 Access at rates lower than 64~ kbit/s

Consideration should be given to the possibility Of customer access at rates
lover than 614 kbit/s (eg. 56, 48 and 32 kbit/s).

N118 ISDN access type with additional channel option

In addition to the basic system capabilities indicated in N16, some consideration
should be given to the provision of other services simultaneously with the
functions in a) and b) of N116.

Additional digital paths could be provided to give further services as the
CUS~ Imt. res them. The customer network signalling for these services
would be carried within channel b) (of n16). The access structure should be

- capable of providing a smooth growth of customer services from those indicated
in a) and b) (of N116) to multi channel services such as those required by, =-

for example, multi function terminals, multi-slot terminals and PAB3Xs.

The additional digital paths nay be adspted to 64. kbit/s where necessary
(e.g. for Recmendation Xl1 services) at the exchange and switched through the
digital network.

An example in which the additlonal access provi4des a 'o-rate data serv ice
is given in Figuare 3 see nsc M,19).

(22)
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'i19 Treatm-ent of services re-urn m~r han 6-4 kbn-it/s

Two approaches have bee:; identifiedA

i) services requiring only a feu (e.g. < 5)-14 kbts digital pthsmit
utiize parallel subscriber access at 0-4 kbit/s. Further study is
needed to deterx=-ne the network control signalling arrangements for
such applications-

(ii) as an alternative to i)a small transmission multiplex of n x 64. kbit/s
could be used;

(iii) for services requiring more (e.g. > 5) 614 khit/s digital paths, a
multiplex based on the primary multiplex systex-s would appear to be
more appropriate;

N20 Treatment of services requiring multiple digital paths (in-cluding PABXs.)

The approaches identified in NI8 also aply in this case.

N21 Treatment of services requiring less than 614 kbit/s digital paths

For services such as low-rate data, the bit stream could be adapted and carried
on a standard 64. kbit/s bearer to the exchange. Alternatively a low-rate access
comprising a Dearer to suit the service with an out-slot channel for signalling
etc. (see N16), and with adaptation to 614 kbit/s at the exchange (or
intermediate muldex) for switching through the digital network at 614 kbit/s
could be used. (Question 29/VII is relevant.)

Another alternative is to interleave low-rate data messages with signalling

messages on the out-slot channel of a multi-service access. (See SB). Yet
another possibility is to provide access to a packet switching facility and
route the low-Ibit rate -data across the ISDN by, the use of Dackets.

K N22 Treatment of customers requiring unidirectional transmission

Some provision may need to be made for such services but further study is
needed to establish relevant principles. (See paragraph 14 of the Report.)

N123 Functional network architecture

In order to deal with ISDN in an orderly oawner it sh-u.'d bq given a
suitable functional structure. A first approach ;s to Zivide the
netimork into two Categories of functions:'

-a category of basic functions relating to Circuit switched fil Ibit/s
digital connections which wmld be provided by all local exchanges-,
this category provides telephony and pos'bycr' swthed data
service

-a catcgry of additional functions relatltio tr saivice; which require
additiaml aspabilities which need only be provideli in special ee-4ip-
slants lrcaten In par-ticular netwo.k noes. The digital local networ-
would. *3 oar& of the basic functions. provide access to these special
eqipoents.

(22)
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N24 131)!, network aspects

It is expected that the 13! will use 64 hitis bearer digital paths. he bit
integrity of customer generated information should be preserved between customerterminals. Voice frequency signals should be encoded according to
Recommendation G.1!2.

N25 Network control signal"ir' between the custmer terminal and his local exchange
for setting up 64 kbitls connections should be carried outside the 64 kbit/s
channel. Note that this does not preclude the use of the 64 kbit/s for some
customer/network and customer/customer sigtn ing after the initial out-channe!
signalling procedure. (See 1116)

N26 Dhiring the evolutionary stages where extensive interworking occurs bet;ween
the new digital equipment and existing switclng equipment for telephony type
traffic; the new network equipment should ens-re that ISDN calls are routed
apr-priately. Where routing over digital facilities only is required, adequate
identific"ation and signalling capabilities should be provided in order to remove
any se-vice restriction an a particular connecticn. Note that this req 4uireent
should include the identification of apparently -igital circuits routed via
transmultiplexers or tim assignment or other digital processng equipment
which restrict the bit sequence integrity of the transmission path.

X2T The ISBN should include adequate provision for services which normally operate
at rates other than 64 kbit/s. These include

- Low rate data;

- Low rate non-standard encoded voice;

- Higher rate services which may be routed through the network on n x 64 kbit/s
connections;

- Wideband services requiring transmission paths much in excess
of 61 kbit/s (e.g. 2 MbitIs or more) which. If conected over
a network separate from the ISBN. may use the ISDN for associated
setting-up and conmunication purposes.

- Very low rate telemetry over the customers local line as a means
of conveying alarm and surveil lance communication -to a central
location such as the local exchange site.

128 In Order to ensure adequate performance and flexibil ity the ISO
shall be* comprised of SPC digital local and higher order exchanges,Interconnected by digital transmission and employing fast Inter
Processor cmmon channel signalling between exchanges, CCITT
No.7. There will, vwer, be freedom to move functions between
-0€es In the ISDN hierarchies, and it is expected that some nodes
will be equipped with extra capabilities to satisfy the special 3
requirements of calls routed to such nodes. Quality of service
standards for ISDN traffic diust be specified in terms of error
rates, response times, grades of service etc. and the need for
preferential or priority treatMent of one service with relation
to another on a cal I by call basis should be cansidered.

_---7
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are only applicable .for either o. telephony and data. The differences in the

actual OP employed and the call handling in the network, would, however, in
principle not be differences between telephony and data but differences between

calls involving different sets of supplementary service/user facilities. That
is, the nature of differences between telephony and data would be no different
from the nature of the differences between calls within each service.

N30 It is recognized that the definition of a multi-purpose interface for

non-voice services has a bearing on the system concept for the general digital

subscriber line signalling interface. Such an interface should, when medium or

maximum integration is applied, be specified for both telephony and data applications.

In order to avoid proliferation of new customer interfaces, it is necessary to

harmonize the studies on a multi-purpose interface for non-voice services with those on

local IDNs. On the other hand it is outlined that data requirements should be defined

as early as possible in order to be properly taken into account when developing the

general digital subscriber line signalling interface.

N31 The definition of standards for customer access to different services

provided by ISDNs should be made in such a way as to allow various network architectures,

taking into account the varying conditions in different countries, for example the

provision of some services through ISDNS by means of intervorking with specialized

networks. Such dedicated networks may co-exist with the developing ISDN at least

during a transition period.

i( _

S(22) j
!- __ _:W _.. .... _ --_ -TY=1



~21

COM XVIII-No. !-E i

ASPECTS OF INTERFACES BETWEEN THE DIGITAL LOCAL EXCHRANGE AND THE LOCALLINE OR Rv'4OTE UNITS_( D. E. F, G AND H IN FIGUMK 1)

i!El Study Group XI is specifying the parameters and characteristics of 64 kbit/s

digital switches for telephony both at transit and local levels. In the first
place CCITT Recommendations for digital local exchanges should cover the
connection of analogue subscriber lines and accept already established
national standards for analogue subscriber lines. Interfaces with digital
(telephone) PABX accepting nhional PABX signalling systems snall also be
covered.

E2 New Recommendations are required for the interfaces concerning digital
subscriber lines to include data, telephony, telemetry, etc., signalling and
alignment functions.

E3 Moreover it shall be studied what additions to the parameters and
characteristics for digital 64 kbit/s switches specified for telephony, if any,
are required for the use of these for data switching.

E4 New Recommendations are also required for exchange interfaces with digital
PABX, remote digital PABX, remote MULDEX and other multi-slot services. Note
that the subscriber line and multi-slot transmission systems may terminate on
a MULDEX or a concentrator remote from the serving centre, and common
interface standardc should apply as far as possible.

E5 At the present time remote subscriber connecting units are considered to be A

functionally part of the local exchange. The type and information content of
the signalling and/or control channel between the remote subscriber connections
unit and the exchange terminal is at present considered not to be a matter for
international recommendation. The reasons for this are the eomplexity of such
a recommendation with the variety of realizations presently under study.

Most of the implementations considered at present are system-dependent, but a
desire has been expressed (in Study Group XI) by some delegates to define a
system-independent remotely located switching unit in the future. In this case,
CCITT Signalling System Nr. 7 should form the basis for the signalling and control
channels. The study of the system-independent remotely located switching unit
was considered to be additional to the study at present undertaken in
Study Group XI.

E6 The digital subscriber line interface should be considered from the functional
point of view. The functional description can apply with any technical solution
for the transmission format or structure on the line.

E7 The digital subscriber line interface might provide a common 64 kbit/s interface
for the users information path for all services. It may, however, be more
economical to provide separate interfaces for some services. For n x 64 kbit/s
services, n x 64 kbit/s user parts might be applied.

E8 A functional interface for signalling, control and alignment purposes should be
defined.
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E9 The interfaces for digital PABXs are of great importance. It was considered
likely that two different interfaces could be provided, one identical or
similar to the digital subscriber line interface for sialler PABXs and another
more complex one for the larger PABXs. The signalling systems used in the two
cases may differ.

EIO Problems arising from the BORSHT

Functions (B = battery; 0 = over-voltage protection; R = ringing;
S = supervisory; H = hybrid; T = test function) are to be studied.

SIGNALLING ASPECTS

Note Where possible these points have been extracted from available text, with
-modifications to take account of subsequent discussions. Some new text has been

derived from the Questionnaire associated with COM XVIII-No. 131 and from subsequent
replies with the issue of this Annex. The Questionnaire is considered to be out of
date and will not be studied further in its present form. Some of the points below
may be more appropriate under the heading of Network Aspects in later issues.

Customer/network signalling

Sl Classification of access protocols

Access protocols are proposed to be classified in two types, namely :

- an Out-slot Protocol (OP) for out-slot signalling, and

- In-slot Protocols (IP) for in-slot signalling AM

In addition to these access protocols, user-to-user protocols and user-to-network
resources protocols need to be considered. Some of the user-user protocols may
standardized consistent -with other access protocols.

S2 Out-slot Protocol (OP)

An out-slot signalling protocol for access to network elements controlling I
set-up and release of all digital 64 kbit/s circuit switched connections.
OP would cover signalling for simple calls and further signr.lling necessary
for control of such supplementary services/user facilities, depending upon
the degree of integration. See N20. The OP access link (i.e. the out-slot
channel with its level 2 technique) would typically terminate at the first
subscriber line concentration stage and the OF signalling would, as applicable,

-be further conveyed in the network over, for example, common channel signalling
links.

S3 In-slot Protocols (IP)

A number of service dependent in-slot signalling protocols for access to
additional network functions. In some cases IP would correspona to a second
call set-up phase (e.g. in some interworking situations).

(22)
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IP would also ccver cases of communication between the user and a central
network fun:idon. e.g. for facility ref.stration and cancellation at a
special serv-ie centre. A simple case of an I? would be transmission of digital
tones over the 61 kbit/s channel to a calling telephone subscriber. Another
case of an IP would be the application of levels 2 and 3 of Recommendation X.25
to access packet-switching facilities.

PABX/network signalling

S4 Where digital and possibly service-integrated PABX are connected to an
integrated services digital network the signalling for individual customers
access could oe used for smaller PABX whilst common channel signalling seems
appropriate for larger PABXs. This means that any study of new signalling
arrangements for digital PABX snould be performed in conjunction with the studies
of signalling on digital subscriber lines and the further studies of common
channel signalling.

S5 Studies of a signalling system for customer access to the ISDN should be based
on the assumption that digital transmission techniques w-ll be extended into the
local network down to the customers terminal, and, where appropriate, the
characteristics of the access will be the subject of CCITT recommendations.

s6 Studies of thc customer/network signalling system protocols should anticipate
the requirements of all services likely to be carried by the ISDN. Due
attention should be paid to signalling .for a basic digital telephone service
while preserving maximum potential for more complex signalling for multi-service
and multi-chakmnel terminals. If and where appropriate some allowance should be
made for the possibility that the new digital-access signalling system might beadapted to be used also to enhance the services provided by conventional aalogue

access.

S7 The new customer/network signalling system should include the capability of
carrying signals, in either direction, between the customer and the local
exchange without interruption of the channel to which the signals refer. This
capability will permit 'silent' signalling for telephony customers (e.g. private
meters).

S8 When considering customers connected to the ISDN it must be recognized that
some will require only dedicated access to a particular service, some w"ill
require alternative access - possibly on a call by call basis - to two or more
services, while others may require access to several independent services at
the same time. These options should be taken into account when defining the
new customer/network signalling system and it has been suggested that an

= out-slot signalling link should be provided for each of the channels used for
services. However it is accepted that such signalling links may not exist
in 'real' channel terms because they are provided as 'virtual' channels using
interleaved messages on a common out-slot transmission channel between the
customer and the local exchange. Where the 'virtual' channel method is used,
the signalling system must contrain suffient addressing etc. to identify the
diff'erent channels used for services. In addition, where channels are used
alternatively for different services, the signalling system must incorporate
a means of identifying the service required.

(22)
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S9 The digital access to ISDN is expected to include provision for very low-rate
data and telemetry services, some of which may be switched through the network.
The customer/network signalling system could permit such services to be carried
over the out-slot transmission path using either a cyclic multiplex or
interleaved messages.

S10 The signtlling system should be suitable for u3e in local networks in which
customer accesses are connected to an interme'date digital multiplex to
provide transmission to the exchange over standard primary local digital line
systems. In these circumstances it has been suggested that The customer/network
signalling links, in 'real' or 'virtual' channels will be interleaved onto a
coon bearer such as T/S16 of the 20148 kbit/s line systems.

SUl The signallig system should be suitable for use with simple terminals involving
human operators such as for the telephone service, as well as complex terminals
having machine generation and detection of in-slot and out-slot signals.

S12 Consideration should be given to the possibility that the ISDN may be used for
services which require unidirectional transmission, such as broadcast, and the
effect such services might have on the signalling system and protocols
operational checks.

S13- Since it is envisaged that ISDN might carry wider-band services using the
multi-slot connection techniques, consideration should be given to the
signalling protocols appropriate to such connections.

S1 During the definition of a sigalling system to satisfy the requirements for
ISDN access, some consideration should be given to the line-feed and other
BORSHT functions to establish the extent to which the sigialling system may be
affected by different implementations of these functions.

(22)
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S:-iISSIO ASPEC-C

T! Preparation of guidelines on transmission reguirements for customer access __

in relation to a range of customer access t.pes I
Thrae different possibilities could be identified

a. A "single subscriber, single timeslot" requirement of (64 + A) kbitls
in each transmission direction. (Examples can be found in Documents Nos.
COM XVIII-No. 310, Section 1.3.1; COM XII-No. 265);

b. A "single subscriber, multi-timeslot" requirement of n x 64 ikbit/s + A1

kbit/s in each transmission direction. (An example can be found in
Document No. CO XVIII-No. 266.)

c. A PABX connection, requiring m x 64 kbit/s + A" kbit/s in each transmission
direction (COM XVIII-No. 243).

T2 Study of bit stream structures to allocate transmission capacity and
provide appropriate alignment

- Different structures will be required for the classes under Sections 3.a and
3.c, while the class mentioned under Section 3.b can use either a parallel
combination of "3.a-systems" or a "3.c-system".

- Delayed Contribution BT indicates some general outlines for possible structures
for class 3.a.

The subscribers loop transmission system has to provide for the transmission
of sufficient information between the exchange and the subscribers terminal
in order to make demultiplexing of the various channels possible. (An example
has been indicated in Section 13 of CON XVIII-No. 310.)

T3 Transmission systems for access tXpT:s identified for initial study

- Delayed Contribution BT (Section 2) indicates that the required functions
can be provided with either 2-wuire or 4-wire transmission systems.

The Report of Working Party )VII (Contribution CON XViiI-o. 32) indicates
the power feeding of the subscribers terminal as an important study point.

T4 Transmission system for connecting PABXs

The required transmission systems probably are almost identical to the
already specified 1544 kbit/s /2048 kbit/s systems or stmall capacity digital
transmission systems, e.g. i x 64 kbit/s (704 iis).

No information, however, on this subject could be identified in the available
documents. The need for further study has been indicated in the report of
Working Party XVIi/4 (Contribution COM VIII-lio. 312).

T5 Trans-ission standards aplicable to remote access to the ISDN

No relevant information could be found in the avaiable documents.
MW
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T6 During discussions in Working Party XIII/l it became clear t.hat no -

Administration yet wished to specify the subscriber line transmission
system itself.

CUSTOER RE UR'ACE ASPECTS i
Cl Working Party XVIII/l has so far identified interface types as shown-t

CCITT Reconmendations. Some are already spec-ifie In CCITT Recomnendatic-ns
and these should be taken into account. The aim should be to define a ver:y
smainll number of these interface types, which =ay not necessarily appear as
physical interfaces.

C2 it is desirable to define as small a number of interfaces of types A, B and
C as possible, while allowing for all types of STE provided to meet customer
requirements.

C3 The digital local network may, seen from the customner as part of his information
system, carry the following inform-ation transactions and provide the followJing
services

"Mapech Connect ions

*supplementary toeione services

-data conniect ions to subscribers in separate data networks or dataA
equilpment In the digital network; for connections to separate data
networ~ks the connection must be Compatible with existing standards
foP circuit - Or packed-Switched services and existing user classes

& text ald Control Collection to local or remte Inforuat jor data-
bases, telecex. videotext system etc (possibly in parallel to thle

- = speech Connect ion)

-end-to-end signalling and control connecti.on with the reanote subs-riber for
sessz-- control (terminal configurat~cn ccntrol, pro--oCo±- selection.
input/out selection)

-receiving/sending of tex-. and ether non-vc.,ce =essaie-s tosubsc-riber trias
including the case of calls arr;iin a atrnl wnich is un-atttended or
engaged on. another call

-alazm service caracle of carrying alarms from sensors etc. anacteedent of
comaunication on the subscriber line-

-advanced charging infz.=at~on capalbility. rngc .

C4 iIt is expected that the data requirements wilgreatly influenc- --he custcomer
interface and work cn the standards should ti~a;e account o f Uthose armll-cable
for circuit and pack~et switched data transmission(ecomeuidations X.2- and V 2 r',
The interface specification should be str".c ured, and based tmc-n the e.e1es be-n
identified for data. For example, the interfaces o_-U'- the als-
could be organized witzh the following4 functioalIlevl

Level I -Physical link provision defining the functions relatingl to
the physical. electrical, logical and line transmission

(2)technique related parameters of the interface "as applicable).
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Level 2 -Link access protocols defining the functions relating to.
for each COcunication Channel provided by level l. the
technique by which higher level information is transferred

over the channel.

Level 3 - Call control procedure defining the functions relating
7.to control of call set-up and release for switched

serv i ces.

Level 4 - End-to-end protocol defining the functions relating to
en-to-end communication between subscriber terminals
or-between subscriber terminals and network resources.

Depending on the type of service and how It Is accessed the level -
2. 3 and 4 elements my have to be defined separately for different
phases of.a call.

SERVICE ASPECTS -

Ml In considering interface A at the subscribers premises to be the user's access
point to the ISDN, it is recognized that the link to the exchange may be shared
for several services. There are many network structures possible to provide
multiservice compatability. Figures 4 and 5 show various examples.

a) The telephone network and the dedicated networks are separated at the
distributing frame.

Each service having its on signalling system.

b) The telephony network and the dedicated networks are separated at the local
switching exchange. The multiservice sig-aing system is used.

- For the telephone signals

- For the seizing signal, the clearing signal and some test signals for
the other services.

c) The mutiservice Network is completey integrated but this does not exclude
some dedicated service Nodes (processing of Data Transmission). A single
multiservice signalling system is used for all services.

The configuration described above may follow each other n a transition
period.

M2 l0ile the interworking of the .- MN evolWin-g- from the telephone Letwork -ith
co-existing dedicated networks * lead to the offering of th wide ran e of

existing services (e.g. telephony, X.1 and X.2 data services, packet switching)
on the new ink f!ro the subscriber to tne exchange, also new services nay
emerge as new features of the homogenoas digital network.
Higher rate carpability -ay be =ade available by sin x 6 kbitjs c---ectons I
through the network. ConferenCe c. connect several suscribers nay be
req-aired.

The division .. .. cssr f"n te ee the ter=mnL
on one nas ad the net rk on the other han. is Ikely to chna0 e s e
-technnoi low r-r~sos leve C= so m ore oh-s- I a-LI on in al~i~

and =e nelinark

_
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Analogue line Serving
Types of -Customer ,j.transmission local
services and premies centre
facilities

- Telephony II N
(Analogue)

STE SLIC

- Telephony i',AI

(Digital)

- Data, Telex <5"
Telegraphy Digital

Line Transmission- Signalling I-- ',-- 3 .

- Telemetry
- Low speed data i I ', I'!

e4 g.X.- I-==A , '.*A ='

Services
e8g 1ui

(2) , , ,---- I _

* A *Ito.

Concentrator

HD emote ETg.

- Exchange Terminal uidex

STE =Subscriber Terminal Equipment. F, LT1F
Function : Conversion, e.g. A/D
for telephony CCiTT-33010-

SLIC = Subscriber's Line Interface Circuit.
Function : Signal arrangement for Line Transmission

LTE = Line Terminal Equipment. Function Conversion to Line-code and Line-feedinV
External or Internal Interface _1

(1 SLIC and VE flmctions =ay be combined in a CTE

(2) = Optional data access I
(3) = The value of n -ay be greater than 5 to permit PABX options not necessarily

available on Al. to A5
A, , C, 1, E, F, G, H = Interfaces, sone or vhich may need to be the subject of

CCITT Recomndations

Figure i - Proposed interfaces in local networks for ISDN "
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Outslot subscriber Cmon channel Particular
line signalling signalling network node-

Transit

terminal Switching Local

eUMM-t unit Centre

functons ithi thespecial service

cannection

ELg. to dedicated
data network

category 0:Basic fuznctions for circuit switched 61 kbit/s digital connections,
typically for telephony and possibly for circuit sivtched data.
These control and signalling functions are Provided in all terminals
and exchanges.

Categer.- Additional special service control and signalling functions are
poaddinspecial terminals and equipments. 7

Figure 5 -Concept of tim categories of network runcticns
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Annex 3

(to Question LIXVIII)

Digital subscriber line sina3.lins

(Contribution from American Telephone and Telegraph Compx-)

_. Scope of the Contrit-ion

An overview of possible Information and signalling structures for a Digital
Subscriber Line is presented leading to a channel-level cheracteriaticn of
a generalized Digital Subscriber Line. This specific Digit;.l Subscriber
Line structure is not proposed, but should be an element of the set
described by the characterization. The requirements upon a signalling means
to support the generalized Digital Subscriber Line are summarized and
several specific proposals for Digital Subscriber Line signal"ing are
presentei. These include the signalling channel bit rate, the use of a bit
oriented protocol at the link level, and the use of message oriented
signalling. A framework for a layered protocol for Digital Subscriber Line
signalling is proposed, with recommendations for further study and
contribution.

2. Introduction

An evolutionary process is underway toward an all-digital telephone network.
including digital connectivity into the subscriber's premises. This process
began with the introduction of digital inter-exchange transmission and Is
now being extended into both the transit and local exchanges. With the
addition of digital subscriber lines this all digital network can become the
vehicle for many new customer services based upon a direct digital access
capability. This ultimate all digital environment will become the
Integrated Services Digital network (ISon).

The general attributes of the network will be

i. A funct.onal channel structure whereby Identifiable channels car be
realized within a unifom dgital format.

2. The avallability of 64 kbit/s channels between the subscriber and the
network which may carry both digitized voice and nonvoice
communication.

3. Common channel signalling to implement all inter-exchange signalling,
separate from the channels available for intetsbscrlber
comom.ication.

4. The Integration of non-voice transmission capabilities and services
--derived therein with facilities used for voice communication.

R A Digital Subscriber Line connecting the subscriber digital station
equipment with the network must provide a flexible and robust access to the
network. This will be realized through the extension of the 64 kbit/s
channel connectivity to the Subscriber, as well as the definition of a new
signalling Interface. This contribution will describe in general terms a
Digital Usbscribeine under study by AT&T and will focus specifically on
the sigzalling portion of the Digital Subscriber Line.

3.=

Secause the optortunitles afforded by. the digital connectivity include many
festwies that are new to telephony it is best to state the overall

_- I- =
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functional needs to be met by the Digital Subscriber Line before proceeding
to details of an implementation. Therefore, the Digital Subscriber Line
must provide:

1. Basic vo!ce-band telephone capabilities. The familiar call set-
up/disconnect signalling functions must be provided with a
subscriber-to-subscriber voice path being established. The voice
path shall be 64 kbit/s compatible with Recommendation G.711. The
Digital Subzcriber Line itself shall provide a 64 kbit/s voice
channel between the subscriber station equipments and the digital
local exchange for this purpose.

2. Circuit-switched 64 kbit/s digital connectivity for non-voice
communication. This can be provided vi4 the same Digital Subscriber
Line channel used for voice communication on an alternate use basis
or through additional 64 kbit/s channel(s).

3. Signalling means to establish either voice or non-voice calls on the
64 kbit/s channel(s). The signalling function proposed herein is
implemented via a channel separate from those previously defined.
The use of a separate channel enables the definition of new services
to the subscriber which require signalling simultaneously with voice
or non-voice communication as required to implement multiple channel
call set-up, or polling based features such as security services,
etc. Only one signalling channel will be specified per Digital
Subscriber Line regardless of the number of additional voice or non-
voice channels.

4. Provision for low traffic density , long holding time, communication
associated with new non-voice services. Many new service
capabilities, such as electronic security, electronic funds
transactions, enhanced directory services, and limited data base
access have the characteristic of interaction between the subscriber
at his terminal equipment and a network (or non-network) resource.
These interactions may be most efficiently provided by che network
through a message switching capability rather than throtqgh a circuit
switched path.

5. For a Digital Subscriber Line implemented using very wide bandwidth
transmission media (such as fiber optic links) the possibility of the
inclusion of video bandwidth channel(s) should be accommodated. In
particular, the signalling plan should be extensible to control such
channels.

A general definition which might cover the specific realization of a Digital
Subscriber Line which meets t ese requirements is characterized by

Digital Subscriber Line - nV + mD + pW + S + F,

where V represents 64 kbit/s voice or non-voice channels. The A|
specific Digital Subscriber Line will include n such
channls where n > 1. 7

0 represents < 64 kbit/s channels to be used exclusively for
non-voice communication. The Digital Subscriber Line may
contain m such channels where m > 0.

W represents high-rate channels. A fiber optic Digital
Subscriber Line might contain p such channels where p > 0.
The specific transmission mechanism associated with hTgh-
rate or video channels, whether analogue or digital, cannot
be established at this time.

(22)
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S represents a message oriented (as distinguished from
circuit switched) channel upon which all signalling to and
from the subscriber's premises takes place.

and

F represents framing, synchronization and other line control
bits. These signals are not available to either the
subscrloer or exchange for information transfer.

A functional diagram of the Digital Subscriber Line, the Digital Local
Exchange and the subscriber premise equipment is as depicted in Figure 1.

The Signalling Channel provides for the coordination and control between the
exchange and the subscriber. In general, the subscriber equipment might
consist of a centralized subscriber control equipment and a multiplicity of
connecting subscriber terminal equipments. in order to facilitate this
control function, the signalling channel must have the capability to
identify call activity on the remaining Digital Subscriber Line channels,
and to Identify the specific subscriber terminal equipments involved in such
activity. As such, the functional needs for signalling are very similar to
those well known for communication between a pair of local e.changes. A
channel numbering plan and a terminal numbering plan must be included.

4. Aspects of a digital subscriber line subject to Reconmendation

It should be the objective of Reebmmendation to encourage flexibility where
growni and change is desirable, and to fix certain parameters where growth
or 4!ange would render major portions of a digital network obsolete. The
possibility of a family of specific Digital Subscriber Lines with various
number of V, D, and W channels should be kept open because future service
opportunities may require additional bandwidth. Future technology,
especially fiber optics, may provide the high bandwidth Digital Subscriber
Line connectivity in a cost effective manner. However, the specific
communication protocols associated jith Digital Subscriber Line signalling
should be established and held reasonably constant in'order to minimize the
Impact of evolutionary change upon the network signalling facility. It is
thserefore desirable to establish a highly flexible Digital Subscriber Line
signalling plan which is both general and extensible and independent cf the
transmission method and medium to provide a built-in mechanism for growth
and change. Such a goal may be realized through the use of a message
oriented signalling protocol following generally in methoe and philosophy
from that established for inter-exchange common channel sign .ling.

The Digital Subscriber Line, therefore, should be defined given a minimum
configuration with opportunities for further extension in the areas c7t voice
and/or non-voice channels. The minimum Digital Subscriber Line c, Ists,
therefore, of a signalling channel and a single voice channel. Obvious
extensions include &dditional 64 kbit/s voice/non-voice channels, additional
non-voice channels of (for the present) unspecified bit rates, or video rate
channels.

With reference to Figure 1, the channels previously described should be
defined specifically at interfaces B and E only. This will allow for
evolutionary improvements of the transmission and system technologies
related to interfaces C and D. Interface A should also become subject to
standardization but refers to the intrapremises link between a subscriber
terminal and the centralized communications equipment. As such, it is not a
component of the Digital Subscriber Linel i.e., it does not interface
directly to the network and should be considered separately.

With these considerations In mind, the remainder of this contribution will
be addressed to the information structure of the Digital Subscriber Line as
specified at interface E. Specific bit rates will refer to the information
bit rate of that interface and not to the transmission rate as specified at
interfaces C or D.

(22)
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S. Bit rates associated with the digital subscriber line

The Digital Subscriber Line shall carry signalling, voice, and non-voice
information organized into channels and conforming to the expression

Digital Subscriber Line - nV + mD + S.

A bit rate associated with video transmission (W) cannot be established at
this time, and will be omitt-d from further discussion. Also, the specific
bit rate associated with < kbit/s non-voice channels (D) cannot be
identified at this time. At interface E (Figure 1) voice or non-voice
channels (V) shall be realized at 64 kbit/s. The signalling channel shall
be realized at ) 8 kbit/s.

The particular electrical format defined at interface E is not proposed
herein. Only the information to be provided at interface E is specified.

In addition to the above channels, non-information bits will be provided for
synchronization and alignment. All such bits used for line synchronization,
framing and line integrity appearing at interfaces C and D shall be utilized
by the Line Terminating Equipment (LTE) and not reported to interface B.

The selection of a bit rate for the signalling channel must take into
account both the average message information bit rate to meet the needs of
telephony and new services, and minimum delay requirements with respect to
system responsiveness to subscriber input stimuli. Studies have shown that
the average information rate (channel occupancy) on the signalling channel
will be very low . However, the delays associated with a message oriented
Ssignalling protocol would be excessive at low signalling channel bit rates.
Therefore, in order to minimize signalling delays in order to meet U

- anticipated STE/ET delay requirements a signalling channel bit rate of at z
least 8 kbit/s is proposed.

6. Communication protocol associated with digital subscriber line
- *signalling

In order to maximize the flexibility and extensibility of Digital Subscriber
Line signalling, the choice of a hierarchical (or layered) signalling
protocol is recommended. Schemes similar to Signalling System No. 7 have
been considered as models for such a protocol. Because the Digital
Subscriber Line interfaces with the customer's premises, the cost of
signalling implementation must be kept as low as possible. For this reason,
the direct utilization of Signalling System No. 7 for Digital Subscriber
Lines does not seem reasonable. However, a new hierarchical protocol tuned
to the needs of Digital Subscriber Line signalling is generally described as
follows:

Level 1 - Physical L: ! A full duplex link of at least 8 kbit/ isA
specifically vroposed.

Level 2 - Link Level Control* Link control procedures using a bit oriented
protocol with a frame level structure comprising frame delimiters
(flag ;, zero insertion/deletion, and cyclic redundancy check.
This will provide secure message alignment protected from

information pattern simulation, complete transparency, and
effective detection of transmission errors. Specific error
recovery procedures should be tailored to Digital Subscriber Line
signalling characteristics.

Level 3 - Routing? Message level control will be required to manage end-
to-end message communication.

I2I22
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Level 4 - End-to-End-Message Transfer: Messages will be passed from the
subscriber control equipment to the digital local exchange
requiring little message-transfer control. Howeverp those
messages destined for other entities in (or external to) the
telephone network will require message transfer control. Further
contributions are required in this area.

Level 5 - Application: The end applications consist of the software
processes located in the subscriber control equipment and
signalling destination which actively initiate and/or receive
signalling messages.

Formal specification of layering beyond level 5 is not proposed in this
contribution and may not be necessary because the software in the Subscriber
Control Equipment will not be excessively complex. This does not preclude
further layering of the application layer at the discretion of the user.

Specific definition of Lvels 1, 2, and 3 should be the subject forU
Recommendations, while the full definition of Levels 4 and 5 should be left
to the particular Administration. A basic message set should be defined at
levels 4 and 5 to accommodate basic telephony services. However, the full
message set will reflect the particular set of services and features to be
offered by the individual Administrations and may vary from Administration
to Administration.

Message types to be included in Level 5 include signal and maintenance
information. Messages should be addressable from the subscriber controlequipisent to the Local Exchange for normal signalling, for end-to-end

terminal control and for special call features.

7. Conclusion

A signalling plan for Digital Subscriber Lines must not be limited by
present technological realizations. Future capabilities will surely add
continual growth to the requirements of Digital Subscriber Line signalling.
An overview of a flexible and extensiblo slgnallIng protocol undet study by
AT&T has been described herein foe conuiscration in this area. A major
problem area still to be addrecsed is the Inte~working of Digital Subscriber
Lines with analogue subscriber lines via eithec digital or analogue
interexchange circuits for the end-to-end trandleion of push-button
telephone generated information.

ip
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SUBSCRIBER PREMISES DIGITAL SUBSCRIBER DWGTAL LOCAL
EQUIPMENT ILINE I EXCHANGE
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SE- SUBCANBER TERMINALEQIMN

Figure 1 Func~on Iriertaces for U~gft S slbrLn

Annex 4 z

(to Question )JXVIII)

Studies of digital local networksI

(Contribution from Swedish Administration)

Introduction

In contribution CON X1 No.277/COM XVIII No.310 the Swedish Administration aW
presented the results of discussions among same European countries on a
possible basis for international studies of digital local networks. The same
contribution was available as delayed document D.14. at the April 1979 meeting
of Study Group V1I. Extracts of the document are included as the Annex to
draft Question IF/VII (see COM.ViI No.369, p. 240).

These discussions have continued and resulted in an updated version of the
report already submitted. Especially, sections 1.3 and 1.4 of the first report
have been replaced by new sections 1.3, 1.4 and 1.5. For updating of the in-
formation submitted in the first report these new sect ions 1.3, 1.4 and 1.5
are reproduced in this contribution. The report is a result of an expert group
in which the following Administrations participated:

Belgium, Denmark, France, Finland, Germany (Federal Republic), Italy.
Netheria1nds, Norway, Spain, Sweden, Switzerland.
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1.3 Functional -network architecture

1.3.1 Concept of to cateqories of network functions

A first approach is to identify two categories of network functions:

-a category of basic functicns relating to circuit switched 64 kbit/s
digital connections which would be provided by all local exchanges; i
this category provides telephony and possibly circuit switched data

service

a category of additional functions relating to services which require
additional capabilities which need only be provided in special equip-
ments located in particular network nodes or provided by specialized
sub-netiorks. The digital local network would, as part of the basic
functions, provide access to these special equipment or sub-networks.
Such access would be on demand and on a call-by-,all basis following
class of service or selection Information or on a hot-line basis
for every call from a particular customer. Signalling between the cus-
tomer terminal and the special equipments would be inslot and in-
jependent of the basic functions.

Figure 2 illustrates this concept of two categories of network func-
tions. Further activities are required to achieve a more precise
and detailed ilustration of different aspects of :he (functional)
network architecture. Also, a suitable terminology for describing
different phases in net ork evolution needs to be established, it
is for example desireable that the CCITT definition of ISON is mdi-
fled to take evolutionary aspects into account.

1.3.2 Interfaces, levels

With regard to the different interfaces of the digital local network
(see Figure 1) it will be required to define for each interface a
number of Interface elemen:s relating to the technique adopted and
the customer access protocols for different services. These interface
elements should be organised In functional levels corresponding to
for example the open systems architecture being developed by CCITT
and ISO. For example, the interfaces of the digital subscriber line
could be organized with the following functional levels:

Level j - Physical link provision defining the functions relating to
the physical, electrical, logical and line transmission
technique related parameters of the interface (as applicable)

Level 2 - Link access protocol defining the functicns relating to,
for each comnunication channel provided by level I, the
technique by which higher level information Is transferred

over the channel.

Level 3 - Call control procedure defining the fuaictions relating
to control of call set-up and relcase for switched
services.

Level 4. End-to-end protocol defining the functions relating to
end-to-end communications between subscriber terminats
or between subscriber zerminals and network resources.

k 22) iIt
S.'
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Depending on the type of service and how it is accessed the level

2. 3 and 4 elements may have to be defined separately for different

phases of a call.

1.4 Customer access tyees

Customer terminals and digital PABX will evolve rapidly with techno-

logies like microprocessors, automation in :he office sector and the

definition of new services. An appropriate definition of the customer

access is therefore of utmiost importance. Vnilst aiming at a flexible

and openended approach to new services and customer terminals, a limi-

ted number of customer access types should be standardised.

1.4.1 Fundamental assumptions

The customer access types defined in this and subsequent paragraphs

relate to the functional elements of the local netu ork as shown in

Figure.1. A number of basic information types generated and received
by ISDN customers have been identified. These types, which are charac-
terised taking type of service, information rate and handling in the
network into account, comprise

Type a - Signals corresponding to a conventional 
(analogue) telephone

subscriber station. i.e. including decadic pulsing or multi

frequancy signalling (MFPB)

tote lo further consideration is given to this type of

information in the context of access definition.

- Digital information at 64 kbit/s representing, for example:

(i) digital voice at 64 kbit/s

(ii) oigital signals at 64 kbit/s (e.g. Rec. X.l data

user classes with rate adaptation at the Circuit
Terminating Equipemnt (CTE) up to 64 kblt/s)

(M)l} Combined digital signal at an overall bit rate of
64 kbit/s (e-g. digital voice together with data).

While some customers will require dedicated access to only

one of these service options, provision should be made fcr

alternat~ve operation on a call by call basis, and for changing

during at. established call. Limitations to this latter fea-

ture will be encountered in mixed analogue/digital networks
(see para 2.1.c).

Type bb Digital informizion at n x 64 kbit/s representing, for example,

M digitally encoded broad-band audio signals

00 high speed non-voice services (e.g. fast fcsimile

or still picture transmission).

(iii) combinations of (i) and (ii).

(22W
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Type t -Telemetry informat ions at very towi rate conveying for example:

customer alarms

sienote for remote control of equipceant on custo-

reoemeter readinS.

Type d Digita! Information representing low speed services (e.q. accor-
ding to Rec. X.l at a maximum user rate of either 16.8 or
9.6 kbitls; see also 1.4.2). This information may be trans-
ferred siaultaneosly with the information of type b. e.g.

-for access to a data base

-fer transmission of a facsimile picture.

Furthermores d might represent a spare cap-city for uses
yet to be defined.

TM Basic subscriber-nettuork sigra~tng information cha'nel
allowing for the control and mronitoring of nettiork resources

by 02~ customer (in a broad sense, e.g. including call pro-I

gress signals, charging indication. -aintenance inform~ation.

It is understood that a single, unified sigralling System should
be defined having the capability to ccntrol the access of one
b-type Information and also of one ensemble like b + d and also
of multiple b-type information accesses.

1.14.2 Basic access

The basic digital customer access to the ISDN is defined in relation 1
to Interface S of Fig. 1. It provides for the transfer of information
on a channel with the following composite Structure.

The following aggregate bit rates are foreseen:

-channel b; 64. kbi i/s

-channel 3; 16 kbit/s and 8 kbi t/s.

Note -The choice betueen 16 Lbit/s and 8 k-b;tIs sfrauld b-L further
assesed taking into, account furth-r consideration~s an the in-
formlt ion type; namely the desrability of pro~viding fur such
information and the limitation of the rate for such information
to 4..8 or 9.6 kbit/s.

(zuanel b rtrcs-. ZG a Cha-ml w~ith 0--ecterics definted in 1..
while for channel two alternatives are set for further studX;

(A) represents a comnon pool dynamically shared, as applicable.I
by different information types s, t and d.

ZAM



(11I is divided in a fixed way, by appropriace, time division nulti-

A ,~ Is dynemically shared by information types s and t

' 2 is allocated to information t-;Pe d.

it is understood that the two alternatives (A) and (8) represent
in fact two uIasses of possible solutions. It is urgently re-

.2re to priloe teeleents: f bt lse nodrt be able

bcan nvera son b) are: ndth

-Signalling in tOe form of iessages of variable lenth

- aessaV- wilb frw

- rmswill be delimited by appropriate flags

-Signalling protocols should be bit rate Independent

- S fmlg prtcl hudb tutrdinto a ubrof functional
leesorlaes(e -. )M

Ialternative (A) where d type of information when used for some packet
swthddata service, will be message interleaved with signAlling in-

fomtothe itninitoseiyacmrtvlysimple link
acesprotocoi lvl2 rmrl esge o i-aln requirements-

thus the full capabilities (and complexities)offoreiia"V!e,the X.25 inter-
face, level 2, will not be provided in the Signalling access pr6Eocol.

in the fol lowinlg the term "out-slot. cI=~nnel" will bc used zo denote the
or (,a + &,) channel.

B..- roadbaind access

Three cases of access for bb-type information have been identified:

M in case the ISDN allows for multislot switching of n x
kbit/S (n being a small integer), appropriav- C and 0 type
Interfaces oust be defined. preferably in line with other

standard multiplex interfaces.
Note- The multislot switching capability is for further study. _

(22)
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(ii) if () does not apply, a few parallel basic accesses according
to 1.4.2 may be provided. Futher study is needed to incor-

orate mechanisms within the Cit which ensure tine slot se-
quence integrity.

For both (i) and (ii), the agreed subscriber netwlork signalling M:hodI
id identical to the one described in I.h.2. Further study is needed

for the practical implementation.

(iii) For services requiring several 64 kbit/s digital paths an
appropriate standard multiplex. for subscriber access will
be prcvid.d. The signalling a-rangerent for these appl'ca-
tirns are for further study.

S.4.4 PAS( access

Two cases have been identified:

Typ sI - Access of the PAIX to the serving local exchange is either by
by a nu=b.r of individual basic accesses or alternatively threugh
a suitable cu-tiplex.

Type 2 - Connection of the PAIX to the serving local exchange is per-
b'Dreed by an ap:opriate standard cultiplex, with corm- channel

signalling. Tha flessage Transfer Part of the signalling shall be con-
sistent with the one defined in CCITT Signalling System 1lo. 7.

1.5 Expla.ations to Fiaure I

Figure I shots a number of possible functional interfaces in the local
networks of ISOM. some of which may need to be the subject of recommen-
dations. It is emphasised that the block diagram represents functional
entities and is not intended to represent hardware implementations.

The following comments apply to Figure 1.

I ) Tue functional circles diajran within tlhe large SLIK Leux repres-nts ;hc
routing of information ;P:s into the 64 kbitfs hsic channel andI the out-slot channel.

b) The SLIC functional representation in Figure I does not imply thint
all functions may indeed alhwys be impler ented. e-g the out-slot

* channel access for low spied services.

c) A certain degree of flexibility is recommended wh.n interpreting the
i ; various functional interfaces of the SLIC: A1 , A, A and B_. While

* interfaces A2 and A wl typically correspond to exlernl equipment
interfaces, interfa es A and B ;'h correspond to internal inter-

faces only. Interface A1 typically refers to the physical connec-

tion of a digital vioce channel at 64 kbit/s with digital out-slot
signalling. Should this interface corres;ond to the physical connec-I tion of an analogue voice channel then coice coding and digital out-
slot signalling generation would be perforn ed by the SLI. Interface
Al typically refers to the physical connection of a data terminal

cquiwtncn (E For ezr-ple this rmay in the near future be- an 7.21
or X.25 tyD? Of int,:rface; in this case data oviddinn uo to 64 Lb;t/s

W , (22)

Iz



-- - SiK I

CO?4 XMII-No.

and out-stot signalinj generation are perforned by the SLIC. l*,ever,
for future data co.--unication this interface mniht correspond to the
connection of a RITE ocneratinq data at 64 kbit/s with diqital out-slot
sionallinq. Similarly interfaces A mioht correspond to the physical
connection of slows speed OTEs o rtinq &-ith a CCITT standard inter-
face or a neti interface.

d) In view of the saveral tyoas of int-rf aces AV . A2 and A it is re-cOanised thot o~riorit~y shnuld bz c-.: -_ in the first isntn to

-hereth -kbit/sthe study of interface 8_ 0hr v. h-- characteristics of thez- 64 kb../

and the channel can be specified reaardless of the physical ;=ole-1
entation of functions rDrformod b% STEs and SLICs.

The SLIC apas the characteristics of the different At A and A
interfaces into a co. on i interfa:e. Interface 3o r ures tha

specification of various interfacc levels, includin the inter-

leavina techni;ue of the various types of information. It is recoa-
nised that the interleavinq technique P;Qht ismly or not iraly the
provision of alianzent information; this information mioht be
carried over the subscribar loop by exoloitinq the line transmission
technioue (e.o. the line codina).

e) Concernina network orovided broad-banrd services requirinq n x (A kb;t/s
the interfaces S . C and , will. deped;n on the value of a and
the conditions iA eagh particular case. be:

- n parallel i0# C and 0 interfaces, respectively, or
1 0

- € 5and F interfjces. respectively

See also 1-4.3.

f) Concerning PAZJs (of type 2). intc-rfaces 0. C and 0 ill catch
the E F, Ct and C 5 resoectively. See also I.4j. 2 

_

g) Ccncerning remote digital -ancenirators and muldexes the use of
the standard 2 Ilbit/s and -3 hbitI/- interfaces is envisag d. Inter-
faces E and F should be in accordance with CCITT Rec. G703. Although
some differences probably cannot be avoided, interfaces E and F should
be based on Recs. G 734 and C- 746. A new muldex with lower capacity

- than 2 liit/s. of which pos;siblc standardisation is under study, can
also be used for interfaces E and F.

MEI
I
AU
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QUESTION 3/XVIII - Synchronization in digital networks

(continuation of Question 3/XVIII, studied in 1977-1980)

Considering

a) that general agreement has been reached in the previous study period on the
need for high quality timing control in the national digital networks,

b) that the decision to operate international connections in the first instance
on a plesiochronous basis has been made,

c) that the interest has been expressed by some Administrations in continuing to
study the possibility in the longer term of a synchronized international network,

d) that the requirements on the interconnection of international digital links
are defined in Recommendation G.811,

e) that basic agreement has been reached on the need for end-to-end performance
requirements on digital connections,

f) that some of these requirements have been defined in draft Recommendation G.822,

g) that further refinements of these Recommendations are required,

1) What are the requirements for synchronization methods in national networks,
to provide compatibility in international connections and to ensure the end-to-end
performance requirements are met ?

2) What methods should be used for the synchronization of the international
ISDN and dedicated IDNs ?

3) What additional slip criteria are to be recommended for the end-to-end
performance of a digital connection, during periods of temporary loss of
synchronization ?

ha) Ho should the reliability of network clocks be defined and what values
should be allocated to reliability ?

5) What synchronization requirements are needed when satellite switched/TDMA
mode links are incorporated into the network ?

6) What further studies are required to define the limits of wander likely to
be encountered ? How should this be specified ?

7) What modifications or additions are required to Recommendation G.811
(Performance of clocks suitable for plesiochronous operation of international digits
links) and G.822 (Controlled slip rate objectives on an international digital
connection) ? It will be desirable to harmonize the relevant G, Q and X series
Recommendations.

8) What additional Recommendations need to be formulated to satisfy the above
points ?

(22)
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Annex

(to Question 3/XVIII)I

Proposed draft Recommendation G.8YY - Jitter and wander

(contribution by Nippon Telegraph & Telephone Public Corporation)

1. Introduction

Study Group XVIII agreed to define the Recommendation 08!!
specifying maximum tolerable wander as a design object or a frame aligner at a
network node. The general guideline, as follows, was established at the
May, 1979 meeting.

a) It should be recognized that excess buffer size will
significantly increase the delay through the exchange.

b) The speCification on wander should be taken &s a commion
design requirement for a frame aligner.

c) In the study of wander, it is necessary to reer to present
CCITT Recommendations.

- G.721: hypothetical reference digital path

- G.104: hypothetical reference connection

- 0.811: international plesiochronous links

This contribution provides the basis for technical

considerations on this matter as well as the text of draft
ieommendation 0.8!!.V

2. Paramecter related to wander

12.1 Network configuration

a) The national network has five hierarchical levels.

b) Maximum length of digital links:

long-haul link: 5000 km

short-haul *ink: 100 km

2.2 Suc fwne

Two factors are considered:

a) delay deviation due to temperature variation 'in
transmission facilities;

b) phase deviation or oscillators at a network node.

22)
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2.3 Wader due t transminsion facilities

2.3.1 Types of transmission systems

To specify the wander of transmission facilities, it is
sufficient to take into account only' the cable transmission systems. It is

-because wander via radio-relay systems can be considered to be saller. M

Wander of satellite and optical fiber links is for further
study.f

2.3.2 Delpv variation performances

Two factors should be taken into account to specify the wander
value of transmission facilities: cables and repeaters. O

a) Performance of cQable

Delay, performances due to temperature variation can be given S_
as follows:

symetrical pairM

0

polyethylene-insulated: 0.3 ns/ku C U

coaxial cable (2.6/9.5 mm): 0.03 no/km C

b) Performance of repeaters

Delay variatiost perforance mainly due to M13tuning of a tank
circuit can be specified as follows:

aT/AT z2/fa (ns/ 0 C rep)

Where ATr delay variation

f clock frequency in MHz

AT temperature variation

2.3.3 Temperature variation

The values of temperature variation are not yet standardized, 2
but the following values are assumed considering the typical conditions.

Buried Aerial '
Cable 20 Ic a80 *C

Repeater 40 167 90*cU

peak-to-peaik value

(22)
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2.3.4 Installation conditions of transmission facilitics

The following typical conditions are considered:

long-haul link ------- coaxial cable (100% buried);

short-haul link -------paper-insulated pair (100% buried)

or polyethlene-insulated (1001 aerial).
M-

2.3.5 Transmission path model

As HRX or HRDP, following digital paths are considered: l

long-haul digital link: 5000 kin;A

short-haul digital link: 100 km (:2 X 50 kcm).

2.3.6 Wadr au

From the conditions described above, the wander value due to M

transmissin facilities is estimated as follows:

Daily Daily and yearly

Long-haul 0 Uis 3.6 izs

Short-haul 6.2 lUs 10.4 Us

Total 6.2 Us 14.0 Us

Cpeak-to-Imak value

Wander itenerated at a network node

2.4~.1 In case or synchronous network

In the case that a network is synchronized by a master-slave
or a mutual synchronized system, wander generated at a network node is due to
phase deviation of a phase-locked oscillator such as:

a) unstability of an oscillator;

b) phase drift of a phase-locked oscillator;

C) phase deviation due to digital control,

Taking into account these factors, 1/2 VI (peak-to-peak value)
Ii is considered to be appropriate as a maximum wander value at each network

node.
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Therefore, wander generated at each network node is given
below.

1.54 Mb/a: AT= 0.324 ps

2.048 Mb/a: AT 2 0.244 11s

2.4.2 In cas. or nlesiochronous operation

In case of plesiochronous operation, wander generated at a
network node is due to instability of oscillators and its value is specified as
20 0s in Recomendation G.811. But as some administrations pointed out, its
value is too large from the viewpoint of feasibility.

NTT proposed a revised value of 2.5 Us in the accompanied

contribution (C!-;IlI No. 398).

3. Wander in a digital network

3.1 Wander in a national network

Wander in each digital link and network node accumulates along
digital links, and its accumulation law depends upon network synchronization
system: master-slave, utual and plesiochronous sytems. Therefore, it is
necessary to estimate the maximum wander in case of each synchronization
systm.

3.1.1 ater's1lae sy'stemt

In the case that a national digital network is synchronized by
master-slave cyst. the wander accumulates linearly along digital links as
shown below:

ATT ZATL I ZATM

ATT : total wander In a digital network

wandir in each digital link due to transmission
facilities

ATM : wander generated at each network node.

Based upon the network parameter3 and the wander values in
each section as shown above, total wander is given as follows*

ATT z 14.0 * 0.32 x 10

M 17.2 (us)

3.1.2 Mutual synchronization system

given by:

ATT z [wander of one digital link] [ [wander generated at
both end network nodes]

3 14.0 + 2 X 0.32

14.62 (us)

(22)J
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3.1.3 Pleaiochronous operation

In this case, the maximum wander is given by:

ATT [wander of one digital link] + [wander generated by

oscillators at both end neLwork nodes]

14.0 * 2.5

16.5 (us)

These estimations lead to the conclusion that the maximum

wander in a national digital network is 17.2 usec for any network and any

network synchronization system.

3.2 wander in an international network 
V

To estimate the wander in an international network, the two

cases should be considered.

Case 1: Digital path is set up through international gateway

exchanges connected by plesiochronous operaLtion.

ase 2: Digital path is set up directly between neighbouring

exchanges in neighbouring countries where a national network

is synchronized to a reference clock.

In case 1, wander accumulated in each national network is

isolated by the international link using plesiochronous operation. Therefore.

the maximum wander is equal to that of a national network.

In case 2, the maximum wander is given by

AT = (wander of a national network] [ (wander generated by

reference clocks]

17.2 + 2.5

19.8 (us)

J 4itter In a digital network

Jitter at each hierarchical level is specified in

Recommendations for MULDEX and interfaces as shown below:

1.544 Mb/s: Recommendation G.743

2.O8 Mb/s: Recommendation G.703

8.448 Mb/a: Recommendation G.703

5 Ico meei dation of Jitter and wander

These discussions lead to the Recommendation G.SYY which

specifies Jitter and wander in a digital network.

Draft Recommendation G.8YY is attached as an Annex to this

contribution.

-4
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Annex

(to proposed draft Recommendation G.8YY)

Jitter and wander in a digital network

This Recomendation deals with the lower limit of maximum
tolerable Jitter and wander in digital networks to establish common design -I

requirement at a fraom aligner at each network node. The frame aligner is i
located in a digital exchange terminal, a synchronous digital multiplex or
other synchronous equipments. Digital networks synchronized by the following
systems are assumed:

international links ---- plesiochronous (G.811);

national network ----- synchronous (master-slave or mutual)

or plesiochronous.

2 itean aern iial network
2.1 Jitter adw drina nana netwror ine tional links

The maiumi tolerable Jitter and wander at an Input of a
tram aligner in a national network or an international link vii gateway

offices are specified by Figure I and Table 1.
2.2 antradwndrfrlcl esioroditeninalnk

The maximum tolerable Jitter and wander for local
neigbbourhood international links are specified by figure I and Table 2.

7I
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TABLE 2

Xq _n__ he ko tolerable jitter and wander at frame aligners

2048 kbit/s 8449 kboitls 1544 kbit/s 01

A. (us) 19.8 19.8

A, luM)I. 1.5 2.0

A (UI) 0.2 o.2 0.05

f (Mz) 3 X 10 3 x 10 4  3 x l0e

ftugm) 20 20 10

f2(ft) 2.4 x le3 400 200

I,(S a8 10 3 it 103 a X 10"

io) 100 X 10 400 x 103 40 X 103

jMT ION -/III Signalling for the !DN

(continuation of part of Qestion 2/rMiI, studied i n 1977-1950) 21

Considering

a) the need for IDm to be a subset of the ISDN;

b) that Recoiendations for Signalling System No. 1 hae been prepared in
Study Group XI (message transfer part, comon to all users and services, and telephony

user port) and in Study Group VII (data user pert);

c) that Pecugdation X.25 exists for reeonmending an interface between DTE and

DE for tezuinals operating in the packet mode on public data networks;

d-) that Signalling System No. 7 is likely to be used as the basis for network

signallingt for other services in an ISDN;

e) the need for additional requirements for custr access signalling identified

in Study Group XVIII;

f) th& interworking between customer access signalling and

CCTT Signalling System No. 7 will be required;

g) that functional laering concepts for data networks are being developed 2un

CCTT;

hi) t-tt coordination of the various signalling requirements in an ISDN is

necessary;

I
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What are the principles which should form the basis for detailed study of
signalling for ISDN and provide a framework within which equipment Reco rendations can
be produced by the specialized Study Groups in regard to

1. for customer access/network signalling for terminals (including multi-servce
terminals and PABXs) connected to an ISDM ? I
2. for handling inter-exchange signalling for the various services in an ISDN 7

3. for through-signalling from customer equipment to network-provided resources
and from customer access including multi-service terminals to another customer
equipment, end to end ?

4. for signalling between ISDN exchanges and dedicated networks ?

5- to provide signalling arrangements for the switching in and out of digital
processing devices as required in an ISDN ?

6. to provide for the application of the functional layering principles in
development of signalling protocols in an ISDN 7

Note Relevant material is to be found in Annexes 3 and 4 to Question 1/XVIIl.

UBSTO 5/VII - Switching for the ISDN

(continuation of part of Question 2/XVIII, studied in I977-i950)

Conidering

- the need for IDNs to be a subset of the 1SDN,

- that Recomadations for digital transit exhanges hare been prepared in
Study Grou XI,

- the need for exchanges to be able to switch 64 kbit/s circuits which may be
carrying voice, data or other services,

- the need for exchanges to meet operational and perfcrnmnce requirements of
vo2ce, data and other services,

- the need to control processing devices which mAy be included i. same
conections, -_

- the ieec to provide interworking and interconnecticn between difflrenA
szandards and different types of dedicated networks,

- the contribution of exchanges to ceralU network nerforn-ances.

- the need to provide interfaces appropriate to equipment which will be
connected to exchanges, from the customer side and f the interexhage side,

*aat are the principe which sh to=e the basis for detailed stift

of switchi fcr M, and provide a freawork within uhch equint Racm.mdatujm
can be produced by the specialised study g2ia. The followng moints shoul be
incluled in the stdies:

1. The interface 2etween local network digital trasmission en t
exchnng (or concetrater).
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2. The interface between trunk and junction digital transmission syatems mdlocal and trunk exchanges of S1.

3. The interface between 1SM exchanges and transMision systevs to dedicatednetworks.

. Provision or general features required by nsny services on ISDN.

5. Provision of service-dependent features required in parts of IM.

6. Method of oontrolling signal processing devices (e.g. echo suppressor").

7- Arageets for deriving charging informtion according to the

requiremnta of different ervices carried on ISDN.

8. Ars m mit for the use, identification and analysis of service
indication. *

9. Network addressing emSumbering and rauting optian for Anterworking
betwen the LSW md other networks, and Intor o of custo ars connected
to the M customrs maseted to other networks.

10. Methas of carrying idor-band servicee by mans of sulti-elot connexions.

L. Switciing progrm requiremt$ consistent With network requirements
(im cooperation with Question 91 Y111).

1. Oe atind maitenance of swrtch (in cooperation with luestioz. !2iJ~iZ). :)

13. Any additional provisios to facilitate a smooth transition towads

acomprehensive 1501.

-note Relevant material is to be found in Annexes 3 and t o Qestion IiXVI.

QES ON /XVIII - Definition for digital networks

(continuation of Question 7/xVII, studied in 1977-!980)

What definition should be given to terms used for digital syste-s -inclingr

switching, signalling, synch-ronization and transmission systems) which form part of
digital networks ?

Note 1 : Studies on this Question should be based on Recomend-t-ion G.7 .

Note 2 : The Rapporteur for this Question will act as _oordinatur for the study of

related definitions produced in other Study Gr-ups, e.g. Study Groups VI. and U.

Note 3 : It is understood that in the present set of Questions the term =ia
Networks" includes both the 

MN and the ISDN. -

9k*ES7T; 7MXII! - Encoding of speech and voice-band signals -et--ods

other than PL4, in accordance with Pcoendation .7i

(continuation of Question lO/XVI II, studied in 1-77-1980)

Considering that

a) P1 encodizo4 for speech is now wdely u sed ineie -'-c n evrks
for telephony (A-law and U-av),



_ jn
b) progress in technoioa is likely to offer other coding -ethods which are
of a technical and economic interest, E

c) there is a desire to make efficient use of transmission paths,

d) proliferation of standards in the world wide digital network leads to the

need for code converters and to operational complications,

e) the TIDN and ISDN studies are based exclusively on 64 kbit/s paths

the following should be studied

Should any other encoding method (e.g. adaptive differential PCX_, delta

modulation or sub-band coding) be recommended for use in inter-national networks ?

If so, for what applications are they suitable and what are the relevant transmission
performance criteria ? What are the inter-working problems with systeas using

standard P04 encoding ?

In the frame of this Question the following problems sh-uid be considered

1. choice of encoding methods,

2. choice of a bit !ate for encoding of speech signals,

3. effect of digital network impairment on voice and voice-band data signals
transmitted over codecs (-ADP',o, V14 and others),

1. voice-band data transmission at various rates in channels formed by

ADP04, BM and other methods,

5. transmission perfornance of codecs connected in tandem 'AP., VP4 and others, *

6. compatibility with digital networks based on L kbitis time slots,

7. compatibility with digital signals encoded by other methods, for ex ie

64 kbit/s PM, -!

the performance of the lower rate speech coding schemes when they are
connected in tandem with an appropriate digital conversion to interface
with the existing u-law and A-law 64 kbit/s Recomendation G.711,

9. quantification of the impairment to voice and in-band data se-vices when
the digital path produced erors in the range allowed by Fec--endatlon G.821,

fl. the ethods of assessment used :n the evl--uation of spe-ech perfor---ance

(co=-ents of Stu-dy Group T11 wil be requested on this mter

Ii. usage of encoding me hods other than PCG1 for widetand speech signal
trSM-ission,

i . he effect of reducing number of code words use- to e ate the
ali-ero code word in order" r -. f a e world snda-tzation. j-

N
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Annex 1

t -Qusin 7/xvi) 
I

NE Reply to Qustiaon 101M.~ u (-ter nethods of encodizc t=--

stuady zeriodtl197l-49&-3

-.!-e studying beine carri;ed during the last study perlc-l IMI771 3

showed that proble=5 Of c!:oice c=.a, encoding nethzod and of7 am--'a

bsit rate are most important and =grent

Many Adsministrltofls encarSrd t- 10fio that it -.- 'd 1 b Inr.C!,

to haye a situation -hc nte nt~ --- ;. dtin of' two cntf. --

- ~~(A an-d u) end which. subsequently. nr~-r-teAto u oLc; C n

me cajority of' Adrinztfltvo- ageed that when using dfcr-1~

of encodins the encoding b~t rate wrncuad b-e submultipie to 6- kbit/s ana total

Z. kc-s Th preferable encugi al-- rateis3 bt-

During the p-receding stu-dy period 197-IVIS the st--- "Ircned !C

adaptive delta modulation- Thne rnrent :tudy period has shown gre-ater xntrazt in

adaptive differentia! PM (AZMMETl) at 2 b Is 'br voice and voice-band data sicnLa

tr~nzfla55ion.

Stdty Grow XIII talus cots1 OfthisutobsndbSalGrp I

for a estimat. of a vai. -of qawatizfl4 distortica aid numer of imairmnt

unite with 32 kbit/s, *DKM process.

Iirreower. the opinion was expressed- that the differential encodingrtok

could be renonabl7 used not ocaily for- -edUC-Ing a bit rate for tetephueY t ls f-r

transmitting ni~eband voice signals unthout =-rew-1fl the bit rate a, 6_, hb~t/s.

A" opinion wae also expressed that whren choosing tbe bit rate the methods _

ad itut- of encoding thbe problems of i-ntevmtton of services in digital networAt

K hul etakev n So co sideatien along e th the iqmat of the introduction ofl t!%is

nmw encoding rthod ijto inteeWd netwrk-S- -oreove. the attention vas -drawn to

necessity of studying the probo 'cn~iiiywt iia inl noe

by7 other net""%AS for eciasple t2. tl -es-Ult-ing fron 704 enmcoding in= ac-cora - e

Eih ecc~mnatCln -1

""he result-s obtained during to presen-t study peiod gave no oortlrt

to prepar any draft Otherdtt~n Calhdso encodin -!= KMI &t shIMldI

be noted that the =Stl tressing probe 31c r Lh-t vUf chooig 32 &bts aS a n -t ate

for differetial encodin~g method:z.

(221
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Amex 2

Telep!=one signal en-c"lizat832 Ibj4 g - C ewef of
nnccwzulaticn of i in-S in scceziive code c--erion-s

(contribt-ution frt the Frcn- M iitai

4.. Introduction

A distinction should be drawn betvoeen th- to types ofeu~tindicate
below when considering an encoding rehod other than P06M, such as F-Mdfernta
adaptive encoding at 32 bktitis (FOoa)1

-Satermin-al which converts the A? signal directly into an encoded signal,
at 32 kbz- 'S, and vice versa;

-the code converter which can-nerts the ecoded Rn: signal at 641 ktits
(A-law or ila;into a signa encoded at a liner bit rate, e.g. 32 kbitis,
and vice versa.

Bancoding' is the operation effected by a tnminal ad -code ccnni&!05
that effected by a code converter.

A given encoding te-chnique will therefore have the Wpperty of no-acemlainn
of inpaimmnts in successive code conversios if the following orcraiws

A? PCX POCA P06 A?.

and A P06- PCA - P06 PO= PO - A?

produce the sese impaiaent regardless of the srof intarmediate

P06 PCSA -PEsequences.

'Mis property relates solely to sucessive cod conersc

pararp 2 shows the advantage of this poperty for the introduction of
32 kbitls encoding techniques into a digital netuors.

The French Adi-nistration has studied a differential 32 kbit/sPO coding
technique with adaptive a-ennli er and fixed predictor which possesses this proper ty
(see CONIII II-No. 248, styperiod 1 977190)

To* inprove the sb-jective q-=- ity of 17 Mai" POCA encoding techniques
using a fixed predictor, sce ~ittoslldn the Frech haepooe
the use of 32 kb-t/ adapztive quantizer and adaptive predictor differential POM
encoding techr--ques. The Frenc Mnistration would SIso point out to ~~e
Adninistrations studying such enedin techniques thtit would be usefu if th-ese
techn-iques also possess the pr-operty of non-acc- aton. of in irarts-n'uvcS.-vr

coeconversions. Stdisaoetsec . ar- at present in propress is: rance-
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2. Non-accumulation of impairments in successive code conversions

- The purpose of this paragraph is to consider the repercussions of the '

property of non-accu=tlation of impairment on the successive code conversions which
can appltar in a digital network.

Lat us consider" a digital network with TDM switching and a bit rate of

64 kbit/s, and the case (Figure 1) of a call routing following several .digital

tranmission paths separated by TDM switching centres. A priori, 4f we use a

conventional 32 kbit/s coding in transmission and we put a code converter at each

svitching/transaission interface, each code converter will introduce its own

impairment and the total impairment will be proportional to the number of circuits

involved.

if, on the other hand. the 32 kbit/s coding used for tranmission does not

accumulate impairments in successive code conversions, the total impairment will

correspond to the impairment caused by a 32 kbit/u coding/decoding irreapective of

the number of circuits used for the call.

This type of digital routing will become very common once netvork

digitization is sufficiently advanced, hence the importance of impairment

non-accumulation in successive code conversions.

(22
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Cue I
C" _ _ _I

PC D 32 o

TDKC4

, r

L~~iDI4CPC PCD _______

- i
Figure 1 - Exanples of digital calls

- Case I Example of 61. kbil "i digital call ;

- Case II Example of digital call using a 32 kbit/s section :the impairmentcompared with Case I is that of a PCM D coding/decodng

Case III Example of diital call using two 32 kbit/s sectionsI
The impairment is the same as in Case II provided that the 32 kbjt/s

coding has the property of non-accumulation of impairment in the
successive code conversions

SCU :Subscriber connection unit
~LTDMC :Local TflM centre

TDLTC TDM transit centre

PCM PCM D Code converter PCM PCM 0

_ PCI4 D PCM Code converter PCM D lCM

Case Only one call direction is shownt

compred ithCaseI i tha of PC D cdin/decdin

Cas III Exml-f iia al sn w- 2kisscin
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Annex 3

(to Question 7/::%IT T)

-~ uaity evaluation of' codecs at 32 kbitls
(contribution by Bell-Northern Research)

1. Introduction I
Recant experiental work on now ADMO Codec designs conducted at

3ell-forthern Research indicate that the speech quality obtained with 32 kbitls ADQI
camns close to that obtained with 8-bityi255 cowpanded 1CK codece. In particular.,
two codee designs were evalua ted. one employing a fixed third-order predictor and an
adaptive son uniform quantiser, hereafter referred to as the '132' cedec, the oe"
=playing am; adaptive third-order predictor end the eas quentiser as before,

hereafter referred to as the YV32' codec.

2. ~ CCITT Recmmndtion G.712, Figre!5 for freqwtias below 1100 E. lot I
the '133 codes, but renas aboe 30 dZ for the '1'.

%9) The eubjective ePeech preforeece tests show that the quality of speech
transmusted ever the 'Y32' cede. is comparable, to that of speech
treamoitted. over an 8-bit,Af2ISS CM cods. Soe qlity of speech
tininissed ower the '132' codes ioselightly am"e thee that of speecth
tsaemitted over an "-it bu better them chat wwe a T-bit, juu255 PC?4

c)Voice-band data transmission at data rates up to 480bits over the 'IJ321
codec resulted in bit error ratios of less than 10- . In contract, the
'F321 codec shows bit error ratios of more than 10-5 at the tested data
rates of 2400 bits and 4800 bits.

(d) The tast reouls conf irmed that sigmsl-to-totaL distortion ratio ith
spoe signal Input is not suitable to accurately asses the quality of
ADPC3 sedoe. for the 040 subjecUtv qulity, the saSl-to-total
distortion ratio (speech input signal) of the tested ADPCX codace s s
swoerically approzinately 8 42 Lammr them the asrrospeadin sineL-to-tatal v
distortion ratio of 1CM codacs.I

A modified segmented signal-to-total distortion ratio (speech input)
quality Indicator modelled after flicharde (11 wan also tested ead showed no L

such bin.. fte quality indicator Q in defined here an

Q - 20 log q A

There log (144e) -g1 Nifi I

end K *S4 Smplan at S his

I * oer of I on blocks In the SignalTE

I, otiSinal Speech sowlee
,?I. reconecruced speech somples

(22'
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3. Calala

A single 32 kbitle AV1= encoder appears to provide adequate prforsana.
gar voice traaanaion @ve os error free channel.

(a) let vaes traaeios only ADIQI with fixod prediction (732) is

(b) U both. voice a"voice-bad data signals are to ha transmitted, AD?=
with ftnmd prediction (132) ise*or adequate but the AD=~ with adaptive
predims (Y33) my be suitable.

(a) To se epeich qulity bettor then that of 7-his, *U-135 congaded PCK. at
16"t dird-eie pteictIae In ADP= cadets ise isdietud.

REFERENCE

1. RICHARDS, D. L. Speech-transmission performance of
PCM systems, Electronics Letters, 1,
pp. 4o0-41, 1965.

Annex 4.

(to Question 7/XVIII)

Speech coding at 32 kbit/s

(Extract from COM XVIII-No. 185 -Italy)

1. Introduction

This Annex describes a digital Differential Pulse Code Modulation with
adaptive quantization (ADPCM) developed and tested in Italy. Its performances in
terms of objective as well as subjective measurements are shovn and compared vith
a 64. kbit/s PCM system.

2. ADPCM 730 A fully c"gital adaptive differential PC4

-Figure 1 shows the block diagra of a DPCJ4 with adaptive quantization.

The input signal digital samples an are compared with the sample SnO
-=being the prediction filter output; this difference en, called prediction error,

is coded and tranamitted.

Prediction is performed by using Equation (1)

£ r 0.5 rn n-1 n-2

r 4 n~ +(1)

The predictor coefficients were computed so as to minimize the mean
square error e . A filter with two coefficients only was chosen, because by

- - increasing the number of coeffici.ents the signal-to-prediction error ratio does
not improve considerably.
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The adapter modifies the 4 bit quantizer step-size on the basis of a short-
EL- time estimation of the r.m.s. of signal en to be transmitted. In order to avoid r

the transmission of the step-size, it is computed both at the transmitter and at

the receiver using samples dn, i.e. the prediction error after quantizing and inverse [
quantizing.

Step-size computation is performed by using the following equations

n ( (2)

where c - 0.5 and k - 2 were chosen to maximize the signal-to-noise ratio measured h
by computer simulations.

3. ADPCM 730 : Objective and subjective performances

The signal-to-noise ratio is computed as
< s-n:;>n >

S N 10 Log < >I
where s and r' are referred to in Figure 1.

S/N consists of the two following terms S/E, the improvement due to
prediction and E/N, the signal-to-noise ratio of the quantizer. j

In the case of the predictor, with the two chosen coefficients, SiE :s
slightly higher than 4 dB, while E/N is about 17 dB; then SiN is greater than.

21 dB.

Figure 2 shows the objective performances of the system on the whole
telephone signals range, in terms of S/N ratios of a 64 kbit/s nd of a 32 kbit/s
log - PCM for comparison reasons.

It has to be pointed out that S/N is always greater than 20 dB. in fact,
it was verified that if S/N exceeds this value, for multiplicative ioise and telephcne

speech signals, subjective quality Is quite independent from the r--- val.

In ADPCM 730 the noise is really multiplicative, as shown in Figure -

owing to the quantizer step-size adaptation. In fact, the noise is always masked
by the speech signal and then it is less perceivable than an additive one.

Moreover, ADPCM can present an adaptive quantizer characteristic saturat'cn
which can be referred to as slope-overload, because the system is differential and
which is due to the deconvoluticn process. An example is shou.m in Figure 4. where
a typical speech waveform and noise are plotted.

This kind of noise does not present a great infuence on subjective
osessments, while it is more important, for the overall noise object-ve =easurenent,

starting from the given definition.

In the case of the ArP:.; 730 system S/N, evaluated by excludi-n the mamples
presenting slope-overload, is 2 to 3 d3 greater than overa" SiN.

EMT-.



= Subjective tests were performed by the categorical judgment method for
64~ kbit/s log - PC?4 channels as weil as for the described ADPCM system.V

The tests were carried out during a conversation between two operators
who gave their judgment.EQ

The mean opinion was obtained from 20 people assessments and every one
carried out two tests under each measurement condition.

Figure 5 shows the mean opinion score versus the link overall reference
equivalent for 64& kbitfs log -P04 and 32 kbitf s ADPCM channels. It can be seen
that the mean opinion score presents only a small difference in both conditions. -

FEE Tests h.ave also been carried out on the transmission of data signals, telex

USO &=d sinin g ine to e votice ofinroucd y hechhnl

For~edb tee adM imlIignoipimnsdetthe ADPOI coding processI~A Lisenig" tst se nha quality imparnts aeb in uced by [
e--erie=L1 pobbits up te daabt 0-islvroreul2. 40 i

emd -o re hantuoA/D D/ coverion in andm ae iclued. atatrasmisio
test at480 bi/* erenot ompetey stisactry. tudes re ein carie
out or ssuivi a god ran~ieion ualty lsoat tis it ate

enard yte Mcdng Irces
Listnin tets save, te% qa~t isun,.conifto~y nflencd b

chrt* ro probbiltie up to 10-.,. n..~...~
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dB SIN

4_ 4 k_ ___se 17gP

32 kbit/se adapti~r eNC

Figure 2 -SIN performance of adaptive DPO4
and log-PCM versus inpzut speech Level

M

b)

Sgiire 3-Speech, -wav o= a) an .p±ca :e ose bi
du~e to th-e adaptive step- size 'qUa.-tizr e-nccdi-g.
a -e wavefwm 4 =u! ied by a fact orC

c=Pr - ==--nth a)--
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a)

b) AIW _

- ~CC= -47M3

Figure 14 -Typical waveformas in a DPCIM system
with adaptive quantizer
a) input signal,

b) quantizing noise.

M.O.S.

Fr

S -- - m

*PCM Dc

Figure 5 -Mean opini-on score for PCM
and ZC- -is. referenc

* s-n' RV



Annex 5

(to Question 7iv:iI
Use of differential encodirg for %-ideband specch" in the 3N

(contribution from Federal Republic of Geryany

Differential encoding, such as delta modulation or ADPCH, has been
taken into consideration in the interest of reducing the bit rate

required for voice transmission. For applications of this kind, the

majority of Administrations agreed that the encoding bit rate should
be 32 kbit/s (see Reply to Q.lO/XVIII, Study Period 1977-1980).

This Contribution Is intended to draw the attention of S.C. XVIII to z
the fact that differential encoding may also be used for an entirely ME
different purpose, namely for providing a "wideband speech" service M

in the Integrated Services Digital Network (ISDN). A suitable (and
rather simple, hence economically attractive) encoding scheme Is the

well-known Continuously Variable Slope Delta Modulation (CVSD) [ I 2
which, when used at 64 kbit/s, enables speech with a bandwidth of

about 6 to 7 kHz to be encoded with good quality. This could be

attractiveespecially in connection with uloudspeaber telephonesm.

Ccapared with the encoding of wideband speech by PCH at 128 kbit/s,

CVD has the advantage that only 64 kbit/s are used (no multi-slot
service with accompanying problems of providing *digit sequence W

Integrity* and of increased blocking probability).

An additional advantage may be seen In the fact that, it a uniform
encoding scheme Is standardized, no code conversion in international
connections is required, In contrast to PC encoding.

In the INN, it m further be attraotive to prwmde a .. hined
wv0oi/nm-voi Gservicewhre e.g. 48 or 56 kbit/s am nd for *pech
m ddia . up to 8 kbit/a for data cr other wee.

Reference

1 1 . Hosokawa, S.; Yamashita, K.: Companded delta modulation coders
of the 1/2 power and 213 power types. Electronics and Commu-
nications In Japan, Vol.51-A (1968), No.11, pp. 1826.

)



atar g. ta. -eecn interpolaticn sv =ay-t used in trarsnas o
systens of tm- nal~nn±l and int'r-a caal networly futre jv
b) tat spech. ..terpolairion systems =Ey. adversely- affect the operation -of
other ecunn_-ent such. as eco cance±Iors, auitomatice equaliz:r;

decid=es that the folloving should V e s-t une a

s .. wha sno~c c e chrrs satia sn eec interpolation (PSI)

systems1

2. are special precautions necessary for tt.e cobndusage of digital speech
Interpolartion. devices 4 th other digital processors such as ecno controlloing devices

Note Network imlctosof dligital speech eiito system are to be studied
under 4uestion Lrr-IiI and the perfornance o nc~n ave-r gtal Speten
antzrpoiation systems wider guestion9/NI-

QUMESION 911V11 General network performapnce aspnects of. integrated digi&tal

(criut_= oCpart of Question 1IllII, studied ... .r7-1980)1

ils Question is con-ern~ed vith studies related to the general performance
of an ISz apuble off Zatisfying the requireents -Of = ny differ-ent services.

Acontilb ae .. :te;e~rac rur~nts being established byL
other study groups in CCiT? and CCIR for teleshonvy and other services. Study GroupXV
uili keep these Study_, Groups M., Mx!I, :c: and c'Tr zfreA ofthe "ievrrforrnce &

c0- A-i& building block.

1st.udyn;hsQusin r----------- shouldte =adet 1-
draft nco~enftn lC which relates -0 tra-smtsnp 'aneojcis
anid 

Ae~ra

=Paint A. Tranwsmission 7perforznance of' digital networks

Conidering

a) that s- parane- ers for the transmiss in performance f-or the IPDN for
telec:honv have already beer established,

th Vat furtn er types of im-pairme-nts need to be taken into accolunt,

cha c' erta;*n anpairnent, causes a~re interdAerendent

d) that d-esigr; ~'tvsaeurgent-y requiredI 'orcu- and systems,

What are tenetwork rnmsin erm,. and ecuiynen-t design- objeetives
ncsryfor the ID*, tne :SflO and thht a-vora~ecitintwrste!D

teaN he1B
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The points lised below require particular attention in the studies, whereby

acca-t should be taken of all likely media that might be utilized. These include

radio relay, satellite, metallic and optical fibre cables. Close collaboration will

be required with other CCITT and CCIR study groups.

What amendments or additions are necessary to the network performance

b- ives for errors and slips as recomended in Recc=endations G.821 and G.-22

respec-rely 7 (see Annexes 1. 2 and 3 and question 3/XVflI)

2. Which additional types of impairments and characteristics should be studied,

and what recoz.a o...ons should be made in terms of network transmission performance

objectives te.g., jitter, wander, short interruptions and transmission delay) ?

(See Annex 4)

particular attention should be given t-o r. e interdependence of 
certain -

performance objectives.

3. Are the hypothetical reference connections recommended in 0.101 suitable for

the study of network transmission r1:rformance objectives ? ;that amendments or

additions are necessary ? Z_

Note They should be brought in line with Pecoaendation G.103.

Recommendation X.92 for data networks should be considered.

a. How should the overall network transmission performance objectives be

apportioned to the individual component ports asking up the connections ?

5. Wlhat approach should be adopted in converting transmission performance

objectives for individual itm into equipment design objectives and comissioning

obnectives 7 (See Annexes 5, 6 and 7).

-. Are the hypothetical reference digital paths defined in 0.721 a suitable tool

for defining the transmission performance of network component parts and the systems

design objectives ? What nenmnts are required ? What additional HRDPs should

be recomended ?

Wt is the impact of digital signal processing devices (e.g. digital pads,

eho co- rollers- -ncoding law converters, digital speech interrelation devices, etc.),

on network trans-isson performance, and what is their dependence cn network
trans ission zerformance and traffic conditions 

- hat guidelines should be

established for their use '7 (See Annex 8)

in considering the introduction of digital pads and other Jigital 
processes,

particular reference should be =ade to Peco-endat
-on t.121 as amended at Geneva 1950

and Rec-intdat;.r G.142 as amended at Geneva 1980.

Note i Study Group rVI are studying the network planning rules concernir the

transmission perfor-ance effects of some of the above-mentioned devices, which Will be

used in mixed analogue/digital networks. Account should be takes, of these studies-

Hote 2 : Supement "No. 21 (Canada : =IR) gives values for qunntizing dist-rtion nits

for various digital processing devices.

hU 'hat transmission performance parimeters should be defined to ensure

appropriate evolution touards the IDN and what values should be recocnended 
for

each parameter 7

'c
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Point B. Call processing perfornance of digital networks

Considering

a) that equipment can be designed to measurable performance standards,

b) that networks can be implemented to controllable performance standards,

ci that there is an optimum balance between cost, technology, and the needs and

expectations of customers,

d) that some parameters for the quality of service for the IDN for telephony
have already been established,

1. What are the call processing performance and design objectives for the IDN,
the ISDN. and the appropriate evolution towards the ISDN ?

In particular, performance parameters and their values should be defined on -

an overall basis (customer to customer) and values apportioned as appropriate to nodes

and links in the network, such as call set-up delays, call failures caused by
congestion, call failures caused by equipment malfunction and loss of service
(availability).

2. What methods should be used to measure the call processing performance ?

3. Which hypothetical reference models should be used for call processing

performance determination ?

Note : The study of this Question vii take account of consideration by CCIR
Study Group 4 (see Contribution COM XVIiI-No. 6).

Annex 1

(to Question 9/XVIII)

Considerations on the relationship between mean bit

error ratio, amerai periods, percent of tine
and percent error free seconds

(Contribution by Bell-Northern Research)

Reendation G.821 specifies an averaging period of to - 1 minute to -

determine mean bit error ratio (BER). Simultaneously, error performance is also
specified in term of X error free seconds (EFS). Both performnce objectives are

given for a digital connection at 6. kbit/s.

This Annex offers additional considerations regarding the relationship

between Mean Ber's with various averaging periods. percentage of time that the -
=Mean Br is better than 1 x 10 =6ane X EFS. TMe calculations- are made on the basis :

of an assumed Poisson distribution bit errors on a 64 kbiL/s digital connection.

a i



WINE
The relationship between the long term Mean BER and % EFS canbe shown to be

~%EFS 100Oe"B

-here

e - base of natural logarithm

B it rate in bits/s

E - Long Term Mean Error Probability (n x l-X). equivalent
to a long term Mean BER of n x 10-!

This relationship is shown in Figure 1. Long term Mean Error Probability
in this context imlies Sit Errors averaged over a sufficiently long period
to yield a constant SER.

Recomendation G.1321 specifies in Table 1 a ireshc - eteer acnea !e ad
degraded performance of a Mean er = . x 10 averaecd over To - I minute. in order to
meet this criterion on a 61 kbit/s digital connection 3 or less errors --s: be

counted. For randomly (Poisson) distrbuted errors the vrobability P of this
occuring is

where n anuber of errors.

This relationship is shm as curve I In Figure 2.
From this curm the following can be deduced:

a) If for *le 93 of one minute Periods has to Met the
1 10 = iSR. a long tem Mean EA of better thn
4 I I0" "uld be required.

b) A long tam Man SER of 1 101 would yied only 462 of
the one minute periods meting the 1 1 d Mn BEA criteron.

If the masurmnt period To is extended to 5 minutes at 64 kbit/s,
19 or less constitutes the acceptable error count, equivalent to a Mean EA-
of1 x 01. The probabllty of this occurring is shwn as curve 2 In Figure Z.
Again, if 935 of five otwte Periods had to met this criterion a long term
Mean SE of < 7.2 % 10w would be required.

Similarly, for a mesurmmnt period To of lh, the equivsent values
are 230 or less error counts and a long tem Mean BEN of < 9 x 10, to give
935 of lh periods meting the I x 1P Mean SER criterion. This is shown
as curve 3 in Figure 2.

Curves 1, 2 and 3 of Figure 2 cai be used to relate the perc qntga
of time TL and various averaging periods To with a Mean BER of 1 x 10'to
the long term Mean BER. By using Figure 1, the long tem Mean SER can then
be translated into % EFS.
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Annex 2

(to Question 9/XVII)

An approach to the formulation of error performance

(Contribution by the Federal Republic of Germany)

= The error performance requirements outlined in the following are based on the
-.,a that data users he.ve a legitimate interest to transmit a large percentage of

•aWa blocks without bit errors. However with 6,000 bit/s (or 48000 bit/s - the
S..' hest data rate specified in Recom-mendation X.l) these blocks will in general not
have a duration of 1 second. In other words.. the request to have 95 % error-free data
blocks (EFB) is entirely appropriage whereas the request to have 95 % error-free
seconds appears to be too stringent.

It may be useful to consider requirements graded in accordance with the
length of data blocks (or more generally, of intervals of certain numbers of bits).
About five interval lengths, for instance from 200 to 20000 bits, night be suitable
to cover the actual conditions of remote data processing.

Assuming Neyman's "Type A contagious distribution", which describes
clustered distributions, symbols n = number of bits in the chosen interval,
p - long-term mean error ratio, m1 a cluster - bit ratio (i.e. relative frequency
of error events per stated sample size of transmitted bits), and m = mean number of
errors per cluster, with m1m2 = np, one obtains the probability of an intervalcontaining no errors as

e(p - (-e-m2)

and specifically, with p = 5.10- 6 (which lends to > 90 % of minutes with a bit error
ratio of 5 0"5, i.e. < 38 errors per minute), and m2 = 2, i.e. a conservative
value

po 99.95 % for 200-bit intervals
po 95.76 % for 2000-bit intervals.

Based on the above reasoning, it is proposed to consider, as an altirnative
to the concept of "error free seconds", the approach of a graded system of requirements
based on a set of different block (or interval) lengths. Using this approach, it
should be possible to reconcile the requirements of data transmission with a mean
bit error ratio of 5.10- 6 (as sufficient for telephony).

Furthermore, the actual distribution of bit errors (probably characterized
by error bursts, or clusters) should be studied before finalizing Recomendation G.b2!.
Since a large percentage of the errors will be allocated to the subscriber lines,
results of error measurements on such lines are urgently neeaed.

(22)

__ ~~~ ~ ~ 4 __ - =-Xf=- _ -u4-
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Annex 3

(to Question 9/XVIII)

At the instigation of Study Group VII, the concept of error-free seconds
has been used in the preparation of Recommendation G.821. It was pointed out
by one Administration that future studies in Study Group VII may show that this is
not the most appropriate method of defining the performance requirements for data
and other non-voice services.

Annex 4

(to Question 9/XVIII)

Jitter accumulation on digital paths and jitter performance
of the components of digital paths

(Contribution from Federal Republic of Germany)

In the present contribution two models of digital paths are considered.
Starting from the jitter characteristics of the components of a digital
path, the jitter accumulation along a path is described with the aid
of these models.

It is shown that for unrestricted interconnection at international
interconnection points jitter characteristics are required which
are not necessary in national networks.

1. Digital path models for jitter studies

Studies which started from the preliminary considerations of the
contribution COM XVIII-No. 69 resulted in two models of digital paths
which are particularly suitable for the treatment of the pendin
jitter problems and applicable to all hierarchical bit rates.

1.1. Digital path model a)

One of the path models - model a) of Fig. I - is a tandem connection of
line path and muldex sections which alternate systematically.

source line path muldex sink
sect.

Model a)

sourcel line path i sink

Model b)

Figure I Digital-path r.oels for :itter stuoes

'22)
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The fact that the components of digital paths can be divided into two
groups with basically different jitter behaviour has a favourable
conequence:

- PC multiplexers, digital multiplexers, digital demultiplexers, and
digital exchanges tolerating relatively high input jitter,but causing
low output jitter;

- line paths (i.e. line paths on cables or other media) tolerating
low input jitter, generating inherent Jitter and, therefore, producing
relatively high output jitter.

Model a) is sufficient for the description of the conditions in a future
digital network of the Deutsche Bundespost. The same is also expected for
many other national networks.

1.2. Digital path model b)

=At international interconnection points, it should be possible to inter-
connect without restrictions sections of the same hierarchical bit rate via
the internationally specified interfaces. This means, a direct interconnec-
tion of line paths with respect to jitter must be possible as worst case.
Therefore model b) of Fig. 1, where the digital path is exclusively built
of line paths, rprsents - in addition to model a) - an adequate model
for international interconnection in jitter studies.

2. Jitter accumulation on a digital path

With given output jitter in the absence of input jitter and given jitter
transfer function, the shape of jitter along a digital path can be de-
termined.

The lower limit of the maximum tolerable sinusoidal input jitter of a
path must be situated with a clearance above the largest expected output
jitter of the preceding line path.

In the following, the jitter increase along the path is represented for
the path models as per 1. The response has been determined by calculation
and by measurements. The results are illustrated in general form, inde-
pendent of the bit rate.

2.1. Model a)

In Fig. 2, the output jitter of a muldex section and of a line path from
model a) is represented without input jitter. Fig. 3 represents the
associated jitter-transfer functions.

AN A2
- -\l I\

I path> muldex

f, fc c f3
fre'ue'o Z. -- frequency f

F=ure 2 - ttput r a line .at.. a .a = ex Section

(22)
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IA
dB

lie at muldex

fc f3  f, cf
frequency -~frequency 

-

Figure 3 -Jitter-transfer function of a line path and a muldex section

Figure I4 shows the amplitude of phase jitter along a path -*n accordance

with model a)

soureO 0~

4

4

fCf 3  frequetxy f -o-

Figure 1~-Outtut jitter -n odel )A
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Source: Pseudo-random pattern
output jitter: Measured via high-pass filter with variable cut-off

frequency f
Input jitter according to Rec. G. 703

113 (shown for comparison)
Output jitter of the source

2 Output jitter of the first line path. corr-esponding to
the output jitter of a line path without input jitter

Reduction of the input jitter due to the first muldex
section

n 4 Output jitter of the second line path. (Due to jitter
accumulation below cut off frequency fc, the values are
slightly higher than the ones obtained for line path
without input jitter
Reduction of input jitter due to the second zmuldex
section
Output jitter of the third line path

In the case of paths with more sections than in model a), the jitter
values would increase, although slightly.A

2.2. Model-b

i model b) three line paths are connected in tandem. Fig. 5 show$ thst,
for the same line path as it model a), the output jitter amplitude will
rise as in Fig. 4 . It can be seen that the output jitter amplitude of
the last line path in transbitting direction increases permanently wi.th
the ntaber of line paths ahead.A

IA

A2 - -U

13 freuency
Fiue52u-u -ttri rce1 ;trt.-t~ euir-:e=

I_ -Jaw
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-gj Input jitter according to Rec. G.703 (shown for comparison)

® Output jitter of the source

Output jitter of the first line path (identical in Fig. 4)

. Output jitter of the second line path

" Output jitter of the third line path

In order to control jitter accumulation over the entire path according I
to model b), jitter reducing means are necessary within the second and
within all following sections of the path. The reducing means can be
considered a replacement for the jitter reducing effect of the de-
multiplexer in model a). Consequently, tho jitter-transfer function
(Fig. 6) describes the muldex - line path.- cascade. It is the product

of the jitter transfer function of the components muldex and line path
(Fig. 35)from model a).

f 3dBj.

C3

I..I

t -,

I I

' frequency ---oI Figure 6 - Jitter transfer function of a line path in model b)

Additional means for jitter reduction are not necessary if the output
jitter of a line path without input jitter is already substantially belowE the maximum tolerable value.

The necessity of specifying the jitter transfer function of a line path
is the consequence of unrestricted interconnection at international
interconnection points.

Fig. 7 shows the shape of the jitter amplitude along a path according
to model b).

- _ -_ _ _
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_ I

ssink

A2 -- "

I

II

f, fc f3 frequency f
Figure 7 Output jitter in model b)

Source: Pseudo-random pattern
Output jitter: Measured via high pass filter with variable cut-off

frequency -

Input jitter according to Rec. G.703 (shown for

comparison)

O Output jitter of the source

-Output jitter of the first line path (identical © in
Fig. 4)
Output jitter of the second line path

Output Jitter of the third line path.

In paths with more than three line paths, the jitter amplitude increases
at the end of the path but slightly because of the jitter-reducing effect
of the maxi.mum tolerable jitter transfer function of the line path.

3. Jitter specifications

It has been shown in chapter 2 that the components of a digital path are
completely characterized by

- tolerable sinusoidal input jitter
(more exactly: lower limit of maximum tolerable input jitter)

(22)
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- maximum output jitter in the absence of input jitter, measured as peak,

to-peak value with a high-pass filter

-jitter transfer function, measured as jitter- gain with sinusoidal inputI

1rn Fig. 2 to 7 the boundaries for jitter behaviour (dash dotted lines)

a.,e drawn in accordance with calculations and measurements of tolerableI

Annex ~i

(to Question /v:

State of CCITT studies regading equipment desii objectives. in respct to

error performance, fr digital transmission system on cables

I Tntroduction

Uqat design objectives fow digital twanmziesioR gqstm On cables (balanced
puoauial peir and optical fibre) sre specified In Boo 0,91"-18 and 0,921-922,

ulougeide atvoaft pewfomfe objectives for digital line mactime at thep
eoweep1igbit rate

ace? aft""i hae ot yolk Mvnoot 'to the stwg that the Glom. of those
we iatiom Wdiar e to relate to arrow perforamse so be smpled.

The pr G of this na is to preet the arwwt a*.t*" at thoe studies so as
to pride asiews et "mbe digital twausaiseion watme with irts aideme
pading the empletimg In reepect of erowrtme ofMw% ths V1mtits..6

2 ?e !ationslhit, to networ. verformance obziect:ie

The aetwowk error pertonce objectives1 for the integratei1 services digital
network (mm) ewe stated in too. o.B;'I* (arrot pertorawsee of an internatioal
digital esineatios raising part of anintegrated sewuiees digital network). Twoe*
objectives take soosut of all amnowe however casesd, liable to oocur in & digiLtal
RNWrk. 3upot design objctivee for digital traidagl.9 have to be
600p0tible with the network objectives Of AGO. G.821

Most ex ow in a digital network are attributable to interfering influmosea sch Gos
lightaing strikes, austios rre. eleotrioit)' supply or troeton systse or parallel
trmolsion sete, so-eade disturbanoes, etc* Uqipscat design objectives
for digital trmisesn Vea should cumir, a degree of provison in the twatin
deeign to sinimise the effect* of such interferences. This is a su;Jcot of studY
within am q. 12/1T. Until such tine as the importaut error-owning interfering
facto" am be taken into acount in the definition of the cmvosuital conditions
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o1ming part of the equipment design objectives sstem designers need to allow
generous margins in respect of the . This is done within both of the design
approaches described hereafter.

Nowever, it should be observed that radio relay systems and satellite qsteas will
be subject to different error charateristios than those inourred IW metallic oable
oatms.

3 Available equipment design objective approache_

Two distinct aprches to the error performane aspects of digital transmission
mystm design have been identifieds-

- The error performance of a kpothstioal refrenoe digital path of
defined lmqth ed omstitution is specifiedl this serves as a guide
to th design of All equiment its inVOlvei in tbe krpothstIoal
reference digital pth. This appeach is amalogous with that adopted for
specifing the noise performance of saloge tranmissian atens.

- The quality of repeaters used in a tramission system is speoifi d and
measured Ia tm of "repeater sargin.

3otk approaches involve the definition of enviromental Conditions. In either awe
it is imaacticable, for the present, to include the enviremostal factors
Conuidd in 2 above.

Although based on diffeent philosophie it is not to be amsed that eithe
aproch necessarily szoludes the other, The final outcome of OCEY studies ay
veil be Clas u or perfomance equipment design objectives in whic the
two approaches Complement each other.L

The two appmakes are consideed separately and in detail in Sections 4 and 5
respectively.

4 Definition of error performance ecuipment desirn ol-c:c:ri re,
Specified in relation to a hyothetical referen ce :-a rathL

4.1 Roo. n. a21 expresses the overall objective for the error perfor moe of the
digital ew , ie a 25M000 in kothetioal retaee digital patk of 64 kbit/s
In tons of the poemtew of$

- error ftee @*emb, (daa requirmt)

- miutes hawIng a bit error ratio better then a
threshold valse (the telepboV requirement).

Clearly, eqipment design objectives for digital line s 'tes have to be
osistent with thes overall network objotive two Important adaptations

are considered uecessury.

Pirstly, the equipent design objective for digital line mystmes is best
ezvesed am a *long ten mean bit error ratio". Vsti designers invariably
start with an objective for this. Thor then design regmerators eto takig
account of the known impairments aoh as the diminishing of V-# opeings,
amise, comestak, level inaouracies e*to.

- -__ _ . --- - - -- ..



Secondly, there needs to be a margin for the errors due to unknown hazards

out side the control of the designer, eg wiquantifiable interferences from

external sours, so that the overall result in acceptable. T

4.2 Annex 6 to .?::
No 369) suggests that network objectives expressed an in -e-.

with acceptable accuray, be alternatively expressed in various obinat ions
ofs-

-a lose ter mean bit error ratio

& a lustering indea: (is mean errors per cluster).

It memo not possible, as yet, to make a firm judgment as to the degree of

olustering which will be exhibited tW' digital nstworkm. At the @mse time,
several contributions have inicated that it is safe to assume, for

networks based on cable sytms, at least a modest level of elustering.
For a long term mow error ratio of 5.104 the pereestage of error free
seoads can be expected to exceed 9CF% for values of olustering indox
greater then 3 and the percentage of minutes of error ratio better than
105' to exceed 90~ for values of clustering index less than 10.

A log term meaw error ratio of 5-10-6 would som to be a reasonable
assumption for the toa errors, over 25000 ka, to Wioh equilment
design objeativems ig b reae.Ti a is not nessaerily
apprcpiate for digital qstms other than those Smugt eable.

4.3 A good proportion of the errors in a 250D0 ka 64 bit/n onnection
will be the reuits of external Interfering factors, protection agmimut
which is best provided IW each measures as soreesia of the cable ind
repeaters, high lov-frequenqW vat off in the repeate m piflr, etc.
It in a matter for future stujy to establish, within te scope of th
equilsat design obleetivee, appropriate standards for mob spets of
digital troommission Wsten design.

Pond the catome of each studies, it is BOweeted to allow fc* arternal
interferenes IW mean of a gunerous awgin between the design objective
specified for the error performance of a kgpothtioml pefrne digital
Path, famctioning in an interference-free menvirmest, nd the proportional
alloation to that path of the network performaxes objective for the
2500 km twpothtiea reference couwec0tia. As a pweisiomal solution,
unbjeot to revision in the light of fthebr reuite of error seasurnent
argwe 8( or the tta acceptable errors night be apprpriated for

MCA margin

This lends to a long two mean bit-error ratio of 10104 as an appropriate
objective for a 25000 km kqpothetioal reference ooetion cmposed, in all
its links, of digital line artem on *able and operatin free of external
intefrfemes.

The following table above how this bit error ratio might be allocated to the
main sub-dIvIsimw of the total Igpothetial refegroe ==actionm.

sThe vaue preMetlY Proposed in Raeo. is1.10is

_ _ _ _ _ _ _ _ _ ___F
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Allocation of design error rate for a Ki-

maximal length hUpothetical reference conection

IIIi
ALlomge

Item105

hi ate m itusl iognk, e

or s e )25000 ks 25
- Optical. fi*G

- highrate 1500 i
(750 im o&

- P1M3517 oG ,r to
mbewiWm" Not specified

fotal 66

I7
-a s t l o a i o a k s a N i ll l y $ w e

a tLN1plaz * _o__

I Total 091

n objotivo ewror pIrfommos for those qw'botbhtioal refemr e-
digital PAths of Bo. 0.721 aeiopriato for digital ine qutm
wvidis Iatomstnal kMA rate lime links might them be di-vd

D~talline rnewreferece igital

i-o pth desiML l i bjetivo

)_ (3. 721 (kei)t4

0.916 n 34 368 Coax pall Pic 3 2w0 25. 3106
(.918 U 139 264 CoM.ir PI 4 2500 2o5. 10-8

(2-)



Objectives for systems providing national links nor be 4 rvi similarly, taking
into aooount the global allocation and the constitut ion of the roevwt MP.

5 Def~nit.on of error performance ecu rimentd sz ;
-.Sazi on rereater narr'an

5.1 Geeral observa )s

In order to specify mid evaluate repeat ers, multiplexes, adactual or
It'pothetical ombinations of theme (as, for example, in a kpotbatioal
referenco circoit) it is necessary to adopt asures of performance. For
analog equipsento noise power has been the principal measure aplco~ed
In -the digital realm, there bam been a twAdenq ia use error ratio for this p1zpose

Errcr ratio is far fron an exact analogr to noise pow ~r oever. For exampenote that ai analog repeater or multijil, tfial i3cs a iry oaust t
noise pmer, which is close to the design value. A digital repeater or
multiplox, however, typically' operates at IWO esyl rai, and when it makes an

errthese er* usually at & much higher rate then what ever design rate mW
have bezm specified, mo ore indeed often a result of disturbanoes not
related to the basic systas paraeers. An a coseqence, error ratio has
Several drawback s a measure. Sae of these aret-

Typiocay satw timos wheve prt o theirdsg errorrai ofarrlaitio s.
aipifiomctofthe eltorration on allos sean~ ectonept are elile

inemo 'm the f ue meurpees hoe pert uerror fee.aia
o Ireotion o is s a gooy poeas esre f re eate qaty i pr nootm Obserdsn
ob errve. in ia oly dsinee aderrrratednr eter oe measurese

af r 8 eerl mof relecr gatio o ree trait. The aure uet tor thie

fr oismarin beowrslted iein 4ait aitusior ob abedIlity h
magntha inrate in thn* wheina te rrenc (ouf a r haeal nois0

siganik)frnit, thena orratal onalue whcprocs ata ae nglorle
prbbiit Tis ineetn of noe reatuires poer2as aefinitioofand scam oo tint

Ave addrssed ts isthee. consideeios G.2 e Ma s- def tn hobjecvete or al

I.2I' =0 ~t ,tees esr, os oeai neautn
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point is that the repeat er is specified and measued ubd,3r conditions 4mObuUDS
uq uncontrolledl interference (uch as lightning) so that rapeatr error
statistics wre in feat NOU represented b7 Poissa. arrivals and so error prob-
ability is complet. description of the ar perfozuanas.. This is in sharp
contrast with a tpicsl repeater installed in the fld.&

The choice of 1607 's not cuial - bait in probably quite reasonable for
higher speed system. 1O-ra=t be more aipopriate for repeatero in the

To ilutrt theuert of ltd aithioneswcnidra10Ni/ coaxsped toepeatert0. o
wimargin ofe 5 rg agaist 10-7? error Probbiityi learsml
Gien&,repeafr di tlbor oinert e a ceaethetn duiity Ins

ca erril ibelt (wiuth edni dito at 10ie)0 Mbiths 0orasbecn ) Isl'0

o1al (to alle o lthe meueblcferrreal1 i o rtcl
am an teattiv of ~ objec vrtion repod ao m argin sfhote 0 5 3 
agint .i Me magi agast 1.1rro poaility isaloe re aounable

eoprobability.hn ~taa os)-btt~ ol e ie
Tse Iv as*tobe apobably stpsl aesnl a hgaestdrcl
oAn w tette intokpr objective,& earmrgs. the rdertiors5 shd
be ther abve of Ibt/s. I sthe13Miturns ol b gis

6 =~issioni!,Z objectiyes

Both the approabs above relate to perfozme, in an isterferanoofres,
mavirvasnt. It follaus tbat when the perfozms at ma Installed qpuam

is mesued with a view zo abachizig whether, a A-10 objeative is met
JESM-tim as eo60680 to identify errIN attrivAtabla, to the environment.

This in MosserIly less than an act piecedure,= Primary elimece shold
be Placed on, verifiction that the compounds meat theiz desJig objeetivee.

Periods during whick errors occr eimultmoosl with, observed patentija
Ixterferanoem should olewary be dismcmated.

Conideretion of the distribution of messmrqd inruru muW justify the disc-ontin
of isolaited be" a, we when it has set bees possible positively to identify
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Equpment design objectivres awe applicable only to systems in good woridug order.
It follows that errars amed IV faults have to be disuoormted; however, the overall
incidence, of nteaptins 4ne to faults is properly subjsct to rsosanations
emeemed with equipment reliability.

Sims errors .qy result frim aimponente failuig intemiittetI7 or undergoiz
changes with respect to their operating charateristics. Such night
justifiably be attribmted to equipsent design rather tha reliability failure.

A satisfactory text an commissioning objectives for error performance takuwi
all these aspects into aciount, can be drafted only after fkrthar -tudy and

Annex 6

(to Question 9IXVIII)

Error Derforuanee objectives for integrated services digital netvorks (ISLg)

.(Contribution by the International Telephone and Telegraph Corporation)

me digita cunectumms set up by an Integrated service
digital Se~poft, nornily of 64 Ikbit/s, axe enViseged to be
Used for different purposes. speech" data, facsImile. etc.
nowe usaW differ In their samitviities to erru lttrodwed
into connections by the setwor both a eed h ~ mo
rzns and their dit~ui3.Par thin zeom" the error

peromucsrequrommts of the IS are be"o Lolated In
tenof mgan error rstioe and integratimig periods whidi ar

particular to each usage. For data the oibjective Is empressed
Inaerrox-free secondss for telephony by man Of Minutes hawIng

= bettel than a threshold error ratio. Other envisaged ISD
usages, facsimile, picture phone, etc. my require the fomala-
tion of rewieens esesed in yet other ways

WIe 44 kbit/S onci of the UMD should, of ouree, have
aR errOr pefoums %tick is at once acceptable for all UMr
ervices. To this end it is desirable that the separately

expressed objectives be comatible in that tOn ostam to a
"Of"l requre qMUlty Of tamsis
no objective of this Itlbt--- it to presesnt a seam of
dfIstdg error perfeISOzMMS wh at OVAe

-provides a basis of Comparison of the levels of
digital trsaisson quelity iqILed by usag-
oriented perforsmnc objectives.
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2. Assumztions relevant to error distribution

zarly studies of digital network error performance generally
assumed a constant bit error probability, its value being
approximated by the long term mean error ratio, a readily
measurable quantity. The mathematics of the resultant error F

distributions was available - the Poisson distribution.
The percentages of integrating periods, seconds, minutes,
5-minutes or whatever, during which specified error ratios,
choice& exercised according to the particular ISDN service being
considered, might be exceeded were calculable from the
long tam mean error ratio.

In the event measurevents of realized error performance have
demonstrated that errors, in practice, occur in clusters, so
invalidating the assumption of a constant bit error probability
and derivations based on Poisson theory.

We suggest that the following alternative basic assumptions r
acrd reasonably well with the actual behaviour of real networks,
so far as they have been observed:

- The probability per bit that an error cluster will
begin is constant and is approximated by the long TA
term mean ratio of cluster rate to bit rate W

- The numbers of errors in clusters themselves follow
a Poisson distribution.

The mathematics of such error distributions, although rather more
lex than" the simple Poisson distribution, is already available

and promises to satisfy the objectives put forward In the
introduction abiove.

3. eyman's Type A Contagious Distribution (see ref.)

Such a distribution, derived fro the foregoing stated assutions,
is defined by two parameters:

- the cluster-bit ratio (I) expressed as the mean
number of clusters per stated sample size of
transmitted bits

t the man nmer of errors per cluster (m2).

The probability of encountering exactly 'r' errors in a sample 41

is given byt
H... I+ , ,E+

M, M I

+ +p r = - - -0 U :T

- - w- M I M, - O'M -m f-

U
(22)I
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-The special case of the probability of a sample containing no
errors is given by:

PO OWp -M, 6_3t

The mean of the distribution is ml..m2; this is equal to -n.p,
where n is the number of bits in the chosen sample, 64 )cbits
possibly, and p the long-term man error ratio.

The variance of the distribution is 3lm2 (1 + m2). I

It is to be noted that as M2 -0 so do the mean and the variance
of the distribution approach equality, the characteristic of
the sisple Polamon distribution.

Also noteworthy is the fact that clusters ar* characterized
only by the numbers of errors they contain #

For 64 kbit/s transmiesign, long term mean error ratios of 10-S,
5. l0-I 3.10-1 and 1.10- and mean values of errors per cluster
of from 1-1000 we have calculated the forecast percentages,
according to the foregoing mathematics, of:

-error free seconds (Fig. 1)

-minutes Juring whiich the error ratio is betterFE
than10- ig. 2)

-minutes during which the error ratio is better than
iO 6G (fig. 3)

The ranges of values taken into account are those appropriate
to be considered in relation to performance objectives for a
2S,ooo km hypothetical reference digital connection, the subject
of Rec. G.821 (Irror performnce on an international
digital conction).

(22)
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= Figure 1 -The variation with degree oi clustering of the percentage of seconds -
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ratio < 106
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2 3 4 671110 0 OWOO 100 20030 50 10W
mean number of errors per cluster C -= r

Figure 3 - The variation with degree of clustering of the percentage of minutes E
of 64 kbit/s transmission having an error ratio less than 10-6 for
different values of long term mean error ratio (p)

4. Error performance objective for data I

Figure 1 confirms the frequently observed effect of error cluster-
Ing that performance expressed in terms .of error free seconds is
significantly better than would be expected from a measured long
term man error ratio and an assaied Poisson distribution of
errors.

The particular long term mean error ratio which would satisfy a
951 error free seconds objective depends on the degree of
clustering. A long term error ratio of 1O- 5 would suffice given
a degree of clustering as high as is represented by an errors
per cluster value of 12.5.

Otherwise, tne necessity of a superior long term mean error rate
is indicated.

5. ErrorEE rformance objective for telephony

Figure 2 demonstrates an effect of error clustering which seems
not to have been so well anticipated as that referred to in 3.
above but is quite explicable, nevertheless. If the significant
integrating duration is one-minute and the acceptability criterion
is an error ratio, over the minute, of 10-5, error clustering up
to a mean value of errors per cluster of about 50 actually
reduces the percentage of acceptable minutes for a given long
term mean error ratio. For values of mean errors per cluster
greater than 50 the percentage of acceptable minutes increases
progressively.

The same effect is not so evident for a one-minute threshold of
error ratio 10-6 (see Fig. 3). The maximum acceptable number of
errors per minute in this case is only three so the curves haveI shapes rather similar to those for error free seconds (Fig. 1).

(22)
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6. Need for field measurements of error ratios and distributioi;

A major difficulty associated with the formulation, at the present
time, of error performance objectives for the ISDN is the scarcity
of measurements of the error performance of working systems.
Such data are essential if the objectives set are to be realistic.

During the 1977-80 study perlod to date the only measurements
contributed to Study Group XVIII, to our knowledge, were those
by Prance (COM XVIII -'Nos. 28 and 278) and Switzerland (COM XVIII
- No. 208); these were necessarily limited in scope to relatively
short distance transmission systems but, even so, have been
extremely useful. It is desirable that the reply to Q. I/XVIII
for 1977-60 and the texts of new questions sit for 1961-84
emhasise the Importance of new information derived from field
measurements.

This contribution confirms the need to measure data which are
ndicative of the distribution, or clustering, of errors as well

as the overall ratio of errors to bits transmitted. This might
be done in various ways.

The Swiss contribution COM XVIII-No. 208 analyses the total
duration of a 2048 kbit/s transmission into the slemental periods,
secods or minutes, containing different numers of errors,
iacluding zero. The transmission rate and the length and type
of ombection have to be stated, of course. The ftrench
contribution CON XVII-No. 278 describes a rather iallar program
Of MasUrements perfOrmed on 140 Mbit/s syst m. Both parmtes
A and m2 can be deteminied from the data produced by such
sbasummts.

Altermatively,. the parameter m2 may be measured directly by a
cou ting of the total bits in error and of the nmer of clusters,
i.0. the numer of errors which are the first errors of new
clusters. A cluster is characterized by the large nmbers of
correctly transmitted bits which separate it from adjacent
clustets compared with the numbers which separate the bit errors
witwtn itself.

7- Smmary and Conclusions

The study of SDO performance objectives. e.g. with referenceto a hypothetical 25000 Jum 64 kbit/s connection, is substantially
simlified by two basic assumptions:

- that error clusters (as distinct from the errors E
themselves) are randomly distributed,

- that the numers of errors per cluster are also
randomly distributed. j

Error performance objectives expressed in terms of different
error ratio threshold* and integrating periods, meaningful for
different ISDN services, are then comparable on the basis of
two parameters, the long-term mean error ratio and the mean
number of errors per cluster. The recocmnding of inconsistentobjectives for different services can in this way be avoided.

The two mentioned parameters do, in themselves, provide a

sufficient method of specifying an ISDN performance objective;

(22)
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furthermore, an objective expressed in this way is readily
apportioned, as appropriate, to diffe.-ent parts of the reference
connection.

The importance of more field measurements of error performanceIis emphasized; suggestions are made as to how these may most.
effectively provide information on error distributions as they
occur in reality.
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Annex 7

(to Question 9/XVIII)

Relation between error measures

(Contribution by American Telephone and Telegraph Company)

!. A proposed draft recommendation suggests two error performance objectives.
both of which are to be met concurrently. These are:

- More than 90 percent of minutes to have better than 1-10-6 errcr ratio.

- More than 92 percent of seconds to be error free (for 64 Kb/s connections).

It is natural to inquire as to the relation between these requirements. This relation may be
investigated by making some assumptions regarding the error statistics. Alternatively, the limits
on one measure guaranteed by the other regardless of the statistics may be calculated, and this
calculation is carried out below. It is found that a connection providing exactly 90 percent
minutes at better than 1-10-6 error ratio will provide from 85.5 to 99.8 percent error-free-
seconds at 64 Kb/s, and that a connection providing 92 percent error-free-seconds at 64 Kb/s will
provide from 0 to 97 percent minutes better than 1-10-6.

. If de have 90 percent minutes better than 1-10 , then for 90 percent of the
minutes there must be less than (10-6) (64) (103) (60) = 3.8 errors. Therefore, there can be
from 0 to 3 errored seconds in the 90 percent interval. In each minute of the 10 percent (at
the limit) ol minutes worse than 10-6 there must be at least four errors, which could all occur in
one second, or there could be 60 errored seconds in each such minute. Therefore, the percent
error seconds corresponding to the 90 percent minutes criteria ranges from

(0) 90- + (1/60)10Z = 0.171 to

(3/60) 90% + (60/60) 10% = 14.5%

3. If we have 92 percent error free seconds, tne 8 percent errored seconds could

each have one or more errors. Since any second with 4 or more errors causes the minute in which
it appears to be worse than the 10-6 threshold, and 8 percent of 60 seconds is 4.8 seconds, there
may be no minutes better than 1-i0-6. On the other hand, if three errored seconds occur ir each
minute for 31 minutes, and then one minute with 60 errored seconds occurs we have still
bpproximately) 8 ercent errored seconds, but now (approximately) 97 percent minutes which are

etter than 1-9.

(2-



.06

- - 96-

COM XVIII-No. 1-E

Annex 8

(to Question 9/XVIII)

Effect of digital signal processing devices on the
transmission performance of international digital connections

(Contribution by Bell-Northern Research/CTCA)

I- Introduction

It baa been known for !ometlme that an International digital couection
Utmen countries usling A-law and /-law coding will require digitala codaconverson if an ecressive amn of distortiont is to be evolded. A suitable code
conersion has bae recommended (Recommendation C.711) ad the peomtoace of as
ideal connection involve an A/ft. Mu/A-law conversion has beem published (CCITT
Orem look-Vl. 111-3 P. 844 piture 4).

Nevertheless, a practical International connection my contain edditional
signal procesaing devices which can cause further distortion. There wil also be a
further degradation due to randem bit errors.

gain caputer models, calculations have therefore been mods of the overall
signal to distortion ratio (for a gauasasi input signal) of varioue practical
cemecia. The coneectios inclue AlN-la coveraios ed ar*he digital signal
pr~eea~img devicee suth as a 6 dl di4ital pada a typical bit r du stie. schem.
The effect of reaom bit errors has also been iaveetigated. The sds assume ideal
A sad lb-law segented coding lams and conversion rules according to ecommendatio
G.711.

Calculations of the signal to distortion ratio of A and Mu-law encoding
with each of the-digital signal processing devices alone are given in Figures la and
lb. Notice that a 6 dB pad has been used in these calculations. Other pad values
would give somewhat different values of signal to distortion ratio for A or Mu-law.

In this and subsequent figures the dashed line represents the template for
the allowable signal to distortion ratio of a single codec from Recommendation G.712
(gaussian sigmal input).

2. Calculation Iasults

(1) One very Lmortsnt practical connection involves an A/ft-law conversion where
the tranmission lose is achieved by means of a 6 dD digital pad inserted
prior to the receive codec. This connection is shown in Figure 2a. Signal
to distortion ratios for Mu to A and A to Mu directions
of traamission for this configuration are shown in Figures 3& and 3b, with
and without a 6 d$ digital pad and a random bit error ratio of 10 It Is
clear that the degradation introduced by the random bit errors is the dominant
feature. In comparison with Figures 4a and 4b, which show the effect of
reand bit errors without say pad or A/Mu law conversion, it can be seen that
the connection of Pigure 2a would have the seae signal to distortion ratio as
a random SU of between 10" and 10- . This level of signal to distortion
ratio can result in perceived degradation (CCiR Doc. h/75; 197-107),
particularly for low level signals.

To facilitate the preparation of this text the sy-bol Mu was used in place o'

Greek letter U throughout the text.

(22)
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(ii) The configuration analysed above can be extended to include the effect of

extra signal processing which might occur due to for example, digital speech

ipterpolation systems. Mhen such a system is in overload one technique to make more

channels Instantaneously available is to reduce the number of bits/sample to

7. This is also known as trans-coding. Although this bit reduction occurs

dynmically depending on the instantaneous talker activity, a worst case L8 to

assume continuous bit reduction to 7 bits. A connection consisting.

therefore, of a Mu/A-law conversion. 6dB digital pad, 7 bit transcoding and a

random IM of id' 5 has been analysed. This connection is shown in Figure 2b.

The signal to distortion ratio for either direction of transmission of this~osnetion i~s also shown Ino Figures 3a and 3b. The additional 7-bit
transcoding causes some reduction in the signal to distortion ratio for high

level signals. However. In this level range the signal to distortion ratio is [
still sufficiently high that the subjective effect would be unnoticeable.

Once egain. the subjective effect would be on low level signals. L

3. Simlar a C-njl1un4"

Sever a l computer models of practical international digital cemections
involving A/Eu law conversions, digital pads and bit reduction schemes have beez

2analysed Calculations have shown that the addition of digital sigmal processing
devices result In a decrease of signal to distortion ratio. lor cmmectioms with a
bit error ratio of Ur s this decrease is sufficient to causes a sticeable cheee in
the perceived degradation, particularly at low signal levels. It is therefore
sugested that the effect of digital processing devices should be takes into
cosmOderatGe when allocating lapairuenc in an Lntertational digital commectio. 4

A

4

N

;(22
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QUESTION 10/XVIII - Availability for the ISDN

(continuation of Question 5/XVIII, studied in 1977-1980)

1. What availability parameters should be defined for the ISDN, and what values
should be recommended for each parameter ?

In particular, values of parameters should be defined on an overall basis
(customer to customer) and apportioned as appropriate to nodes and links in the network
for different aspects of each service (see Annex).

2. What methods should be used to measure the availability ?

3. Which hypothetical reference models should be coordinated with the studies
on determination ?

Note 1 : Studies of this Question should be based on the results of those carried
under Question 9/VII!I and in close cooperation with the appropriate Study Groups.

Note 2 Replies to this Question will be transmitted to Study Group CMBD as
contribution to Question 2/CMBD by the Rapporteur for availabili..

Note 3 Meeting these aims requires careful study of, an z" 'ned approach to, all
aspects of service availability such that particular parameters are not considered
in isolation.

Annex

(to Question 10/XVIII)

Reply to Question 5/XVIII (Reliability and availability of digital networks),
Study Period 1977-1980

General aspects

The availability and reliability performance objectives are highly
dependent on the definitions of failures in a network. These are different for
different services and one failure also haa different effects on the funmtions
of different services. Since the various availability requirementa depending
on different services, leads to different Costa in the network, it is neceauary
to start with at least one objective for each service and then try to combine
them in such a way that the ember of objectives will be reduned.

As a basis ror further stud'es at least the following four levels of
performance will be used

1) Normal service
2) Degraded for data
3) Interruption for non telephony
4i) Total interruption,

These levels as well a. the objectives have to be defined with a
number of suitable parameters and the study of which parameters can be used
is a task for the next study period.

(22)
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The service svailability objective will be established taa. nt 
consideration the quality of service offered to the subscriber and that which
can be achieved by the Administrations. The Administrations will be able to allocate V
their maintenance personnel and procedures and the provisioning of stand by
equipment and alternative circuits in a manner most appropriate to themselves
but at the same time achieving the performance objectives.

;alculating failure occurances and the probability for a failure in the
network -Lkes it necessary to use statistical methods. This should be taken into
account when evaluating or measuring failures in a network.

From the above is understood that specifying all failures and failure
effect& in & *complete network with a number of different services is a rather
complicated task. This makes it necessary to use simplified models, such as
hypothetical reference circuits and the work vith those most continue with high
priority during the next sb* riod. One first model has been developed during

tam study period (see Figure 1).

When an overall availability performance objective has been foruilated,
the next very important problem is how to allocate values (requirements) to the
vitious parts of a network. This is an economic problem of high importane end
possible optimization methods mst be dealt with as soon as possible.

Conclusions and future work

a) The principle io divide the network into two basic parts, (1) subscriber
sub-system, (2) iinking sub-system has been provisionally adopted as the basis for
further studies. It was also agreed that the linking sub-system portion should
receive initially the greatest emphasis. This principle is described in more

detail in Appendix.

b) A simplified calculation model should be used. Figure 1 is
such a model and represents a part of a switched connection in an inte-
grated digital network. This model does not include alternate routing
or rerouting. Sufficient redundancy any be included to achieve the
desired level of availability. considering also saintainrbili:y.

c) This model could later be expanded to include 2 or more routes
between the two switching centres and the achievable availability under 4
these conditions may be determined. It may be desirable to indicate such
objectives in both of the following manners : (1) at any instant of tiwm
x per cent of the paths shall be available, and (2) any particular path J
should be available y per cent of the time.

Additional refinements to the model may also be achieved by
including alternate routing through other switching centres and network
management principles. These refinements may indicate that a desired

availability objective may be achieved for the linking sub-systes with
lower values of availability objectives fqr individual parts of that
system than originally indicated by the study of the basic model propot.1Zin (b). In all cases, it has been assumed that sufficient paths have
been provided using traffic engineering principles to obtain a specified
grade of service.

The interdependency of traffic engin,-:ring and path availability
objectives must finally be determined.

d) Availability objectives for the subscriber sub-system would be
studied in the future or left to the responsibility of each national
network Administration.

F (22)
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e) The definitions of faults and the effect of a fault is fundamen' '.l
for the availability and reliability of a network. Definitions such as
error characterizations and data (values) are needed. During this study period
the following values have been stated :

- An error ratio in excess of 1.10-3 is generally regarded as -einp a
criterion for unavailability.

- On a 64 kbit/s path this may more conveniently be expressed as an error
count of more than 64 errors per second, persisting for x secunds.

- As a time criterion for unavailability 1.. .2 seconds have been mentioned
initially for digital service, as this is the time after which digital multiplexes
equipments become normally unavailable when detecting an exc sible error rate.
A value of 10 seconds for telephony, as proposed by Study G" X- has been
considered. The exact value should be decided in cooperati, relevant
Study Groups '(such as Study Group XI and CCIR Study Groups).

f) The description of the availability concept and other definitions being
studied by Joint Study Group CMBD will be used as the basis of availability work
in Study Group XVIII.

g) Different levels of performance have to be taken into account in an
ISDN. Together with the probability for a subscriber to notice the different
levels this is essential for the future studies. More information and some proposed
values are given in Annex 5 of Question 9/XVIII.

(22)
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Appendix

(to Annex to Question l0/XVIII)

Availability of digital transmission systems

(contribution by the Italian Administration)

1 . Introduction

With oiference to Question 5/XVIII in this contributioh, the Italian U
Administration presents some general considerations in order to define, evaluate and
express the availability of digital transmission systems.

2. Networks and transmission systems

An analogue or digital telecommunication network can be subdivided into two
basic sub-systems

1) subscriber sub-system - that includes all the parts being assigned to M
subscribers and allowing the access to the network (telephone set, individual
line connecting the subscriber with the local exchange, local exchanges);

2) linking sub-system - that includes the plants and the facilities in common A
among all the users which are assigned on demand by a frequency division
(analogue transmission), space division (space division switching), or time
division (digital transmission and switching).

Aiming to a study concerning the interconnection and the interworking of
systems belonging to different Administrations, it is mainly important the linking
sub-system which here means Integrated Digital Network (IDN) and Integrated Service
Digital Network (ISDN).

Such a network includes

a) nodes - where switching, signalling, multiplexing and A/D conversion are
carried out;

b) branches - links connecting the nodes in different ways.

- As a first approach to the problem, the study of the transmission systems
on the reliability point of view could be carried out : they actually correspond to
the branches and partially to the nodes (the exchanges are excluded).

(22)
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In fact, the transmission systems are defined as the 
whole of the

transmission facilities that fulfil bi-directional paths 
suitable for transmitting [

useful telecommunication signals between two terminals.

The transmission system is generally subdivided into two systems

a) multiplex sub-system that fulfils the A/D conversion of the signal and the

multiplexing at different hierarchical levels;

b) line sub-system - that fulfils the bi-directional transmission 
over physical

lines (cables, guides, fibres), including them as well as the regenerators.

Because of the complexity of the telecommunication 
networks and the variety

of the transmission systems, some peculiar characteristics 
of them, useful for

determining a reference model, should be 
chosen.

3. Availability of networks and systems

Considering the telecommunication network, it is important 
to take into A

account the operating and service point of 
view, therefore, the availability concept 

!F

seems more interesting than the reliability aspect 
when applying to the networks.

The availability, in a large sense, includes the 
aspects of the reliability

and the maintenance concerning the maintainability 
of the systems as well as the

logistic support of maintenance (Figure 1).

/ AVAILABILITY

i

21

-- BF - MEA!N TINE BETW EEN FAILURES (REPAIRED 
SYSTEMS)

MTflTR MEI TIME TO REPAIR

ALT - AVERAGE LOGISTIC TIME 
Le~g. eigr eg

MTB (22)AL
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So, it appears as a combined concept where the system and the service aspects
are included. But no availability objective has been recommended by CCITT as concerns
the network : only recently CCIR has fixed an objective concerning the radio-relay
systems.")

This objective can be far from the value relating to the networks, because IM
in some cases very high availability values, valid for the networks, could be met using M
re-routing techniques of large assemblies of circuits instead of systems having high 16
intrinsic availability.

Really, a complete study concerning the availability of the networks should

also include the traffic aspects and should take into account the dynamic management
criteria (e.g. re-routing techniques).

SI4. Availability of paths

The complexity and the modern management of the networks, based on the
dynamic operating, also suggests to consider the availability of paths instead of the
availability of systems.

So, in addition to the maintenance aspects (in a large sense) covered by the
availability concept, it is possible to take into account the structure of the network, A
i.e. the network redundancies, the distribution of circuits between different
transmission systems, the influence of sub-systems outside the transmission system under
consideration but indispensable to its operation (e.g. no-break power facilities),
and the manual or automatic re-routing.

In fact, it should be noted that an interruption, due to failures or

maintenance operat-ions concerning an individual circuit or a circuit assembly, may not
mean a consequent interruption of traffic if suitable re-routings have been carried
out according to agreed procedures corresponding to network planning criteria.

As a first approach to the study of Question 5/XVIII, the traffic and dynamic
management aspects have not been taken into account and a simplified model could be
developed on the basis of this assumption.

- 5. Conclusions

In this contribution, attention is drawn on the complexity of the study
relating to Question 5/YVIII. As a first approach, the strong assumption of negliging L
the traffic concept is proposed in order to develop a reference model suitable to

define and evaluate the availability of paths, taking into account reliability as well H
as the maintenance aspects.

') Recommendation No. 557 (Voiune IX, Kyoto, 1978).

(22)
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QL S!O[;ll~-.'ii -Characlzeriszics -f- - 4--ita sections

ot(Cont -nua ion of cart ofn r. .. .on !-V, studied jn i 77-1980)

a) What essential common criteria should e established for al! types of

Ftdigital line sections and digital radil. sections ?

Note 1 : Consideration should be given to the need for digital line sections and digital
radio sections to be interchangeable and interconnectable. However significant
differences may exist between performance characteristics for systems using different
media.

Note 2 : Coordination with CCIR Study Groups 4 and 9 must be undertaken to establish the
common criteria.

b) In which way should the existing Recommendations of the G.9xy series be
amended and completed, insofar as they relate to digital sections ?

c) What new Recommendations should be established regarding digital sections
(e.g. using non-hierarchical bit rates) ?

d) What are the principles which should form the basis for the detailed study
of the local network digital line transmission systems and multiplexers for connecting
digital terminals to the ISDN ? (To include combination of analogue and digital
terminals and PABXs).

For each individual type of digital line section, the following 
specific

points require study

- bit rate;

- special properties (such as bit sequence independence, or restrictions of
the bit sequence that may be transmitted);

- characteristics of interfaces (normally these should be in accordance with
Recommendation G.703);

- error performance (expected to comply with Recommendation G.821 which
specifies the overall network performance);

- jitter performance (input and output jitter as well as jitter transfer
function; Recommendation G.703 should be observed);

- other performance parameters;

- availability;

- fault conditions and consequent actions.

(22)



Annex 

(to Question 1ii /777

Criteria for the fault condition "error ra i o I -
in digital line sections at 20h8 kbitis

(Contribution from Federal Republic of Germany)

I Introduction

The fault condition "Error ratio l.10-3" in digital line W

sections at 2048 kbit/s corresponds to the fault condition
Ofxcessive error rate" in 2048 kbit/s primary multiplex
equipment, which is specified in detail in Rec. G. 732.With respect to the iportant corsequent actions (prompt
maintenance alarm, emission of AIS),it is necessary to d..in

a similar detailed specification for the fault condition
"Error ratio 1.10-3" in line see-cions at 208 kbit/s.

The fault condition "Error ratio 1.io-5" is less important
since it only implies a deferred maintenance alarm. Its detailed

specification can therefore be left to the national Administra-

tions.

2 Modifictiois with respect to Rec. G.73

Errr detecting methed

In primary multiplex equipmont, errors are detected In the
frame alisnent signal; in digital line sections,errors are
detected by code rule violations. The relation between vio-
lation rate and bit error rate depends on the line code,
the choice of code -jle violations to be detected by the error
detector, and on the binary signal pattern.

In actual operation,the statistical properties of the binary

signal pattern may be described by two limiting cases. If
all channels are busy,the binary signal approaches a random
pattern; It all channels are idle,the binary signal approaches

a 1010.. pattern; If only part of ths channels is idle, the
statistical properties of the binary signal are somewhere be-

tam these limiting cases.

(2o)
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or, shoud b ret. i i uge- selet a - eud

randon pat-.ern according to Reconmendat-o. ..

Measuring time for activating the indication of fault condition t

The code violation frequency is in any case by at least one order -4
of magnitude higher than the frequency of errors in the frame !
alignment signal. Therefore, the measuring time for activating

the indication of fault condition can be reduced to a few tnths
of a second as compared to the "few seconds" in G.732.

Insensitivity toerror bursts

The error rate detector in a line section should have the same

Insensitivity to error bursts as the error rate detector and the

loss of frame alignment detector of primary multiplex equipment.

In primary multiplex equipment, an error burst of up to four fre
lengths ( S 0,5 ms) does not activate any indication of lault I
condition zince only two errors in the frame alignment signal

are detected.

Criteria for deactivating the indication of fault condition

t- - ndication of - - co-nditi-n

The definition of the criteria for deactivating the Indication

of fault condition must. take into account the argument concerning

the mutual dependence between error rate, service alarm and binary

signal pattern, which is indicated in Doc. XVIII-No.217,Appendix 4

to Annex 1. When the fault condition "Error ratio 1. 10- 3" is de-

tected in a digital line section, the digital path is taken outL

of service and the binary digital signal pattern is changed into

the idle pattern (..10101...) of the multiplex equipment. As a

consequence of this change ot pattern ,the error rate may decrease

considerably and the indication of fault condition "Error ratio 1.10-3

in the digital line section nay be deactivated, uiniess -

the threshold for deactivation is sufficiently low. Li accor-

dance with the above-mentioned document,it is propozed to deacti-

vate the indication of fault condition not before the error

rate has fallen belcv i.o-5.

(22_
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3. Proposed formulation of G.9 2.Sectlon 1.4.1.3

= 1.4.1.3 Error ratio 1.10-3 detected by code rule violati.ons.

1.4.1.3.1 Criteria for activating the indication of fault
condition:

-Error ratio :5 1.10-4 q

The probability of activating the indication of fault
cond ition. in a few tenths of a second should be loe than
1-6*

-Error ,ratlo :1.10-3

The probability of activating the indication of fault
condition in a few tenths of a second should be higher
than 0.95.-

The indication of fault condItion should not be activated
by an error burst :6 0,5 is.

1.4.1.3.2. Criteria for deactivating the indication of

fault condition:

-Error ratio > 11-

The probability of dtactivating the indicationl of fault
condition in a few seconds should be almost 0.

-Error ratio > 1.19-5

The probability of deactivating the indication of Sault
condition in a few seconds should be- less than 0.05.

-Error ratio < 1.10-6

The probability of deactivating the indication of fault
condition in a few seconds should be higher than 0.95.

Note: The cr~teria are valid for a 215-1 pseudo-random pattern

according to Rec. 0.151.

(22)
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a) that work cartled out is the definition stage of the aitutha
PbSloe007 dutlu the Study Peiodn (1977-1960) ban Includeda

erof the IwMGamtatiem aopmats of the phLuospby (Racsm-.
datlm 6704);

b) that a w01l dtlsed maintenance philoophy Will detrmine the.
dTimta of future mlstmonce studia.;

C) that Becoassms .s G704 is Incomplete (*.g. me digital witching
And EsuIgIa csWUWldraia);M

4) that certain Operatibmal aspects of aetwork MaW traffic =08g.-
seat my inf luence milatuseaco Phusosy;

4) that Implemntation of the Philosophy Is coupes and requires *

sewaate tretmnt;

What is the overall maintenance philosophy for digital networks ?

The following specific points require study

1. What additional principles are needed to ensure that the maintenance
philosophy encompasses all elements of the network

2. To what degree is network surveillance required to identify status and
quality of ca-nnections and netwok elements ?

3. What is the effect of iliffering service requirements on network maintenance
philosophy ? C

Annex

(to 'Question !XI)

Test sequence to measure the bit error rate on 64~ kbitls channels

1. Introduction

The trasssion of digital information at a rate of 61. kbitls is possible via
digital PCX transmission systems as well as via (analogue) carrier frequenc-y system.

The interface for the digital 61. kbitla signal is specified in
Recomendtions G-703 and G.T32. In Figure 1./G 702 the 64. kbitla digital path ia
illustrated. The hypotnetical reference circuit is described in Recommendation Gi721. -

The modes according to Recomendation V-36 allows the transmission or a 61. kbit/a A~
signal in a priary group in the frequency bend 60 to 108 kfft via the analogue carrier
frequency transmission system.

For bit error rate measurements on the above channels and their combination* the
specification or a standard test sequence is urgently required.

__(22)%



2 t isP sft specify a pseudo-random pattern as a test sequence which has

a pattern length of 2 -1 - 201.7 bits. This test sequence can be produced b7 mae of
en l1-stage shift register with feedback from the outputs of the 9th and 11th stage of
the first stage via en exclusive 0R gate.

It should be noted that this test sequence contains a maxima of 10 consecutive
0 bits. Therefore in the case of international testing where the sessuresent includes

= systems based on 1544 kbit/s it is necessary to modify the test sequence in such a way
to avoid more than 7 consecutive "0" bits. The specific details of implementing this
approech is left to Study Group IV..

= Two essential conditions are met by the prose test sequenceU

a) The test sequence is a mauimum run length pseudo random sequence, (which

means that its generating polynomial is prime and primitive), and if the number ofI
stages of the shift registers in the scrambler is lets than that of the test sequence
generator, then the scrambler and the test-sequence generator cannot have a common
factor. In such case there will be no restrictions with respect to possible scrambler
configuration.-

b) The period of the test pattern does no:- exceed the tine still convenient forIpractical measurements. On the other hand, the test sequience is sufficiently long toclosely simulate the random s7.gnal being present in practice.

in addition to the random pattern capablity dsibdabove, this test
equipment should provide for fixed patterns. T1he definiticn of these patterns is under _

study.

Since the proposed test sequence can also be used at bit rates of
48B kbit/s to 72 kbit/s. it snould be considered whether in view of the advantages
mentioned above, it would be advisable to replace the test sequence described i
Recommendation V.57 by the pattern of 21-- bit length. in any case, this pattern
should be mentioned in V.57 as a possible alternative. f

It should be noted that Study Group X.VIIT has followed the proposed test
pattern of 212-1 length.

ONUZSTION I /.-Viz - I-Mlezerntation of =ai-tenance pi-ioscnY-

(continution of part of Question 4/XVIII, studied in 19T7-1980)

1. Considering

a) that parmetrs Indicating network perform=&e have only been defined
In a preliminary smer. move work wll be required to eane thair
Unmits for sectok aintenance purposes;

b) that malatemesc. techniques and procedures wil be reired for all
eLaets of the digital astuark;

0) that metwork and *yet=m testing procedures should be recommded to
onable the provisioning of tasting and diagoostic capsbLUtiee in
sysem ad equipment.

8) that there ise a sed to provide coordinatedt unambiguous alarms and
indicatioss to efficleatzly isolate failed network components sand
restore service;

(22)1
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e) chat the concept of maintenance entities god sub-antities needs to be
further defined;

f) chat it is necessary to ensure a common interpretation of the usintgence
philosophy by all Study Groups that are concerned with the eolution
of the network; W

g) that there is a Used to 1inform other Study Groups of the maintenance
Impemetation strategies that have been applied to specific equipment

1.1 low should the )EstIMance Philosophy be Impleffen-ed In digital networksA
and coordinated with the work of other Study Groups?

The followftj specific points require study:

i) What are the maintenance parmeers.* their liaits. m easurement methods
sad their relation-ship to network performance?

am) to ensure peuformance compatibility for threshold* said operate
times somg service alanm, maintenance alarms mad protection switchieg?

ini) What considerations should govern the location and design of wmasuring
equipment to facilitate overall network maintenance and operation'

IV) What specific network surveillane c apaility uhoul be made availbl
for network operation and menegumt?

v) What further considerations should be given to the Implmutatiou of
the principles Of maintenance entities and/or sub-entities!

Note 1! locamdatione for measuring equipments not inclded In the
digital equimet will be mode by Study Group IV. taking into
account the results achieved by Study Group M1II waes this
Question.

Note 2: At s-m future date much of the detailed work under this
Question should be imdertaken by other Study Groups (eg. IV,
VIZ. XI) although this my not be appropriate at the present time.

T ±t erv n Z DeV.;e en s,-, r S ~t en -- a2Z-e 074
differen- s-an~n-ds

vContinuatin cf qu4estion 14'"WrIII, studied .17190

___ What measures are required and what reco--endatiers -av t be m-a- _

enable interworki-ng between digital syst.ems based on dif'fer.e- standards

The ftollowing spDec:: peints require stud-%Aj

V -ta) -Conversion between diPVerent encoding laws in p-r-;uar_ ?OR, mltize
eqiment 'as speci-fied i- Reonatc .711) -akiM - coutte~s
of 11bit/Is paths fcr si.gnals oth;er th;ar telepony.

tb! Conversion. betweer. different Prame sr-r-s of -a -Q -=1 zc
eupnent (as sceczified :r. Recedain G.1 ar-2 an btwe.
-drmultiplex eqi,=n .--sS~

-- ---..- -n- ss u j-; t is:- 
l e
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note 2 In undertaking this study, there are m~a.-'y letai 'd ~ur-rwbi. . ru.st V
addressed (see Annex 1). The results of t". otudies underta.en ?7i
study period should be considered (see Annexe- 2 and 3). Close -cooperation. :s
required with CCI1R Study Group I~ (see Ann~ex I and vitn $.T Sudy 3roups '111, XT,

XV and XVII (see Annexes 2 and Is.

The following list of Dealequestions eud fore raised inthe 1977-1980 Study

Peend sne l itfed wen continued for further study. New items have also

Tigese 1uetias we based on the satellite coi~unication link layout on
Figue 1 aswel ason the definitions of Type I and Type II Satellite

Systms. hesesystem types ae

1. sytemwherein a 1544 kbit/s or a 2o48 kbit/s signal is in essence
cridtransparently to th te n ftesatellite link without
prcsigof bits inenlt hs i tem.This type of systen
mynot include Time Division Multiple Access (TDMA) function, or it
myinclude a TDMA function transmitting CCITT standard (e.g., 1544

-=o 204.8 kbit/s) signals.

I.Asystem wherein 1544~ kbit/s and/or 204.8 kbit/s signals are subjecte!
tprocessing demultiplexing the primary multiplex signals. The

rultiplex conversion function is expected to be performed at one
oboth Direct Digital Interface Equipments (DDIEs).

-Some of the questions require input from other CCITT study groups and from CCIR.
Initial queries to these groups were made In 1979 (CCITT) and 1980 (CCIR).

A. Questions relating to Type I Systems

il Where should the MSC be located, and why?

a) A-law country- p-lay country, or either?

bl International exchange or earth station site?2

ii) What is an appropriate MSC capacity?

a) Is a 21 .-channel to 30-channel MSC (i.e., a single system of each
= standardl needed? If so, should the remaining six channels in the

30-channel system be unused?

-~b) What combinations of primary multiplex levels should be provided
(e.g., 120 channels representing four 30-channel systems and five
24-channel systems)?

(22)
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Where should A-2aw tc, from n-law converS o eanded ir the - w

coui~try ?

a) In the MSC or externally ?

b) At the international exchange or earth station site?

iv) What synchronization requirements are to be con.sidered wheo using
the MSC?

v) Should it be possible to include a digital speech interpolation (DSI)

function in Type I systems? If so, where should this function be

added? What answers (if any) change.as a result of adding this
function?

B. Questions relatihg to Type II Systems. (Answers may vary depending upon

particular Time Division Multiple Access (TDMA) plans.)

i) Are there any special multiplex conversion problems when using Type II
Systems? If so, what are these? Are Recommendations required?

ii) Should A-law to/from u-law conversion be done in the earth station
equipment or in the international exchange in the U-law country?

iii) Do any special synchronization problems arise in the CCITT recommended
systems? If so, what are these problems, and how might they be solved?

iv) Should it be possible to include a digital speech interpolation (DSI)
function in Type II systems? If so, where should this function be
added? What answers (if any) change as a result of adding this
function?

C. General questions

i) What signalling means will be utilized to determine that particular

channels are carrying voice, voiceband data, or digitally generated
data service? (Note: this information is needed wherever the A-law
to/from U-law conversion is to take place, as well as whenever other
special actions must be taken - see the next three questions.)
Should these signalling systems be either common channel or channel-
associated, or a combination? If channel associated, should analogue
(e.g., PCM-encoded sinusoidal signals) means be included?

ii) What other processing may be needed for channels carrying voice services

in these systems (e.g., echo suppression or cancel'lation)?

iii) What special measures may be needed for channels carrying voiceband
data services?

iv) What transformations may be needed for channels carrying digitally
generated data services?Ia

(22)
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v) What transformations may be needed for channels carrying CCITT-
recommended signalling systems signals?

vi) Will other methods of encoding than standard A-law or p-law PCM be
utilized for voiceband services on satellite linkc? If so, what
impact will these have on the system and on the answers to other
questions?

vii) What alarms and related system Information should be transferred across
the interface? What algorithm should be used? What action should be
taken at the earth station and/or at the international exchange with
alarms generated at the opposite end of the link? (Note: 2048 kbit/z
systems can transmit alarms in time-slots 0 and 16.)

viii) What special maintenance approaches are appropriate for the sfstea.s
postulated? Should the satellite and the two terrestrial links be U
considered separately for maintenance purposes?

ix) Should nx6 kbit/s services be carried? If so, what special problems
arise and how may they be solved?

x) Are there known intervorking incompatibilities between any user 4-
services (e.g.. direct digital data) specified or contemplated for
the two hierarchies? If so, what are these and how might the in-
compatibilities be resolved?

P
xi) Should 31-channel versions of the 2048 kbit/s system (i.e., systems

using time slot 16 for service) be considered? If so, what changes
may be needed in the answers to the previous questions?

T
xii) In some situations, a country using one primary multiplex standard may

receive via satellite signals encoded in a format nonstandard in that
country, transport these signals (perhaps at considerable distance, and
perhaps through international exchanges) to a second earth station, and
retransmit these signals to a third country using the original format.
In these situations, should recoding be allowed? If not, what arrange-
ments should be considered for providing this service? What, if any,
is the impact on the answers to other questions?

xiii) With some choices of answers to the previous questions, a terrestrial
link (Figure 1) may either require a 2048 kbit/s system in a l54 kbit/s -I
country (or vice versa), or require a nonstandard system (such as A-law
encoding - with zero suppression difficulties - on 1544 kbit/s facilities).
Should such facilities be allowed? If so, how should they be specified?Should they be standardised for terretrial link use?

Note Answering some of these Questions requires interaction with CCIR. To further
this process, a communication was sent from CCITT Study Group XVIII to CCIR Study Group 4
at the end of the 1977-1980 study period. The text of this communication is appended
to this Annex.

(22)
_ - -



INTERNATIONAL TERRESTRIAL EAIRTH
EXCHANGE SAION A

SAT

TERRESTRIAL
INTERNTIONA

Figure 1 -General layout of

stellite camwcication link

-1

(22)



- 120 -

COM XVIII-No. l-E

~Atnd ndi

!to Annex

Conmunication from, CCITT Study GrouD XI to CI .RruD .

Whereas CCIR, at its XIVth Plenary Assembly in Kyoto 1978, adopted Opinion 57

and Report 707, with portions of these documents related to iaternational satellite

links involving the inter. rking of countries using 
the 1544 and 2048 kbitis

hierarchies, CCITT Study Group XVIII asks CCIR Study Group 4.

1. To inform CCITT Study Group XVIII whether DDIE equipment (specified by

CCIR; see e.g. Opinion 57) will always include the function of reassembling the

primary multiplex signal used in the receiving country (as implied by Sections 3.1 1

and 3.2 of- Report 7OT) or vhethcr there are also contemplated system wherein a

1544 kbit/s or a 2048 kbit/s signal is in essence carried transparently through the

satellite link without processing of bits internalto the primary multiplex bit

stream, with multiplex system conversion to be performed by equipment specified by

CCITT.

2. To inform CCITT Study Group XVIII whether digital speech interpolation (DSI)

functions are likely to be incorporated and, if so, whether the DSI function will be

incorporated in the direct digital interface equipment (DDIE), in equipcent which will

be located on the side of interface "AP (see CCIR Opinion 56) containing equipment

specified by CCITT, or on either side of interface "A depending upon the application-

3. To consider the implications of the answers to p-.nts 1 and 2 with regard to

the ultimate need to specify similar functions on both sides of interface "A" for

different applications and, if such a need is perceived, to suggest mechanisms whereby

the recommendations developed by CCIR and by CCITT wW be kept consistent.

4. To inform CCITT Study Group XVIII if any system are postulated in which

CCIR specified equipment will modify the code of PCM-encoded voice signals and, if so,

of the nature of the new code and of any impairments expected to voice and voiceband

data signals.

5. To inform CCITT Stud Group XVIII if there is any contemplated 
difficulty in

meting the slip performance for plesiochronous interworking as recommended in

Recommendation G.822. It is expected that, in order to meet -the requirements of'

Recmmendation G.822, high-accuracy clocks in accordance with Recommendation G.811 will

be required.

_-j

(22)
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Annex Z

(to Question lh/X. ....

Suur-arv of i terworkinK studies duing the i-77-100 study period

Study during 1977-1980 of interworking between two countries using di fferent
primary multiplex standards concentrated on satellite application-. Most
contributions responded to some portion of the detailed questions raised

= by the Rapporteur. In the discussion below, reference is
made to the corresponding questions carried over; see Annex.

Responses to the basic questions regarding location of the A/V law converters

and of the multiplex system converters are summarized in Table 1. With re-
gard to the remaining questions, the following cments may be made:

Question A ii): Several contributions mentioned Multiplex System
Converter (MSC) capacity. The proposals
ranged from inefficient 24-30 channel system interfaces (at
least for early satellite systems or those with small cross-

sections) to 120-channel (5 x 2L and 4 x 30) interfaces, t-

the possibility of future higher cross-section interface-.

Question A iv): The contributions suggested no special synchronization ri.-
quirements when the countries connected utilize synchronous
national networks; interworking is then plesiochronous. In
the case wherein slip type DDIEs are employed in a satel-
lite system which is timed to clocks of low accuracy, high
slip rates will probably result. A CCIR report described
general requirements on buffers associated with system in-
terfaces. Both CCIR and KDD mentioned the functions of

justification and slip-type DDIEs.

Discussion on this point emphasized the
preference of CCITT Study Group XVIII that
interworking between digital terrestrial and satellite links
be plesiochronous, using high accuracy clocks to provide
satellite TDMA timing. Some Administrations noted that
satellite earth station equipments may have difficulty gain-

ing access to highly accurate national clocks and may not
be able to afford their own highly accurate clocks.

Question B i): No particular problems with implementing Type II systems
were identified.

.uestion B iii) : Synchronization comments are similar to those in Question A iv).

Question C i) : The only substantive input regarding signalling was received from

Study Group XI, which indicated that, in accordance with
Recommendations Q.7 and Q.110, CCITT Signalling Systems Nos. 5, 6
and 7 and RI and R2 can be operated with circuits including
satellite links. Of these, only signalling systems Nos. 6 and 7 can

offer the required additional signalling capacity for meeting the

requirements imposed by alternate voice and data applications;

however, these additional functions do not yet appear in the existing

Recommendations, Study Group XI has proposed two Questions

'Q.2/XI and Q.3/XI) for addressing these issues for signalling
5 system No. 7 (which according to Recommendation Q.7 is the preferredI system for interexchange signalling in the !DN and ISDN) in the

(22) 1981-198h study pericd.

I2



-122-
COM XVIII-No. 1-E

Study Group XVII also noted the importance of providing a means of

differentiating between the various types of ISDN services to control telephone

ancilliary equipment when interworkinr between ISDNs based on different PCM/TDM
standards.

Question C 11): Other types of processing that may be needed for channels

carrying voice systems have been identified, Including:
I

- echo suppression or cancellation Or

- digital speech interpolation

- inversion of bits 3, 5, 7 (J transformation of Figure 1, 15
Annex 3); substitution of 00000001 for 00000000 (Z operation
of Figure 1. Annex 3)

Question_ C i11) Other types of processing that may be needed for channels
and C iv). carrying nonvoice systems have been identified, Including:

-substitution of 00000001 for 00000000 (Z operation)

- Inversion of bits 3. 5, 7 (J transformation)

- inversion of all bits (I transforsation of Figure 1,
Annex 3) and/or inversion of bits 3, 5, 7 (J trans-
formation) for CCITT Signalling System No. T

- possible digital proceslng (SG VII coment)

Voiceband data and direct digital data both may need
processing different from voice and different from each oth :1
Refer to Annex 4t which identifies Study Group VII concerns

and specific questions in this area.

In addition, it was noted that digital speech interpolation equipment,
if used, may alter the answers to some of the questions.

It is clear that close cooperation is needed between Study Groups VIi,
XI, XVII and XVIII to allow progress in the study of the interworking quest-on.

(2i2
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TABLE 1

Smuary of inDUtS

Input COMAT AT&T Teleglobe 1D CCZR f ti'

Topic 
____

Location of A/U converter

A. Country

la p-u(per Gl X x x x X

B. Site

-earth statio x Nt

-transit centre 
X x

-either I :

Location or HSc

A. Country

-A-law

- it-law 
Note 1 X

- either or both x Note2X

B. Site

__-earth 
station A x

-transit centre 
Note 4 x

e ither 
X

C. flmctional integration

-into equipment covered 
x

by CCITT'
Pecc--efdations

-into equipment coverec

- ~ ~ ~ ~ CI R ecommendtofl .l nds .

Note 2 The HSC function could be located in either or both countries if the satellite

system transmits a signal not meeting the constraints of Note 1.

Note 3 The A/u converter could be located in the earth station if DSI equipment is

also located at the earth statior.

a(22)t etr-
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An n -' x

(to Question i'.1/XVHI) F
interworking between two stan~dard.. ~ie1. voice an~d data

1. Introduction F

This Annex is an example of an apprcach m-eting some of the intervor'ing
yrsblezs. As such, it is considered worthy of further study, along with other possit
solutions which nay be proposed. In particular, it is iaportant to note that I
Study Group XI has requested that Study Group XVIII sear:h fir a solution to the
interworking problem which accomplishes all necessary transformations at one location.

In the rerainder of this annex, one possible interworking configuration
between an A-law country and & U-lay country is investigated. A new method with a
single code conversion is introduced to solve the basic problem of applying the
A/P conversion to voice signals but not to digital data signals, while suppressing the
consecutive all-:ero pattern on 15L4 kbit/s transmission links.

2. Requirements

The following items need to be considered

I For digital data signals, the A/U and U/A conversions must be removed, because
the conversions are not uniquely reversible.

2. The all-zero word (8 bits) may be inhibited on 15!, kbit/s transmission links.

3. The A/U converter may be located in the U-law country and its preferable
location is the gateway switch (except in the case that the DSI, which n-ds

voice channel identification, would be located at the earth station). I

4. The ISC (Multiplex System Converter), which may be located at the earth
station of either the A-law or U-law country. should preferably perforr t-".e
same conversion without distinguishing between voice and data.

5. The deficiency caused by the Interworking shall be minimized, although it can
not be avoided perfectly because of the all-zero restriction.

3. AIU converter

Before detailed discussions the bit inversion process related to the
A/N conversion should be clarified.

It is understood that the so-called even bit inversion operation is for puy
descriptive purposes in the CCM Recommendations. It is only a logical process witt
the A-law codec. (See Note 2 of Tables la and lb in Recomendation G.711, and Note
of Section 1.1 in Recomendation G.732.) Therefore, it is taken for granted in th
following considerations that this even bit inversion is included in the A/Ib

converter as an internal logic.

(22)



4. Interuorking,

feature :Introduction of the Z operationi (by which the code "00OOODOC" is
replaced by "00000001" but others are not changed) to avoid the transmission of
all-zero word on l544Z kbit/s transmission links and the J operation (by which 3rd, 5th
and 7th bits of each vord are inverted) to minimize decoder distortion.)

Coments

i) pi to A direction

There is no problem if the all-zero word is inhibited on 1544 kbit/s

transmission links in the U-law country.

ii) A to M direction

One A-lair character signail and one digital data signal are subjected to the
followring distortion

-The A-law character signal "00101010" (decoder output value number in
A-law -128) is converted into the code "00000001" by the J operation
and the Z operation at the MSC. and then into the it-law character signal
"00000001" (decoder output value number in it-law -- 126) by the
J operation ad the A - ps conversion at the gateway switch in the it-lav
country (see Table 1).

-The data signal "00000000" in the A-law country is converted intoa
'00000001" in the Ia-law country.

-Noaiever, this distortion does not make the matter worse since the Ut-law
character signal "00000000" (decoder output value number in Ut-lw 2 -12T)
which co..esponds to the A-law character signal "00l01010I (decoder
output value number in A-law =-128)t and the digital data signal
"00000000" would be inhibited on 154.1 kbit/9 transmisxion links in theM
Ia-law country in =W case.

In Figure 1, the other equipment related to interworking is also described.
1br instance. echo suppressors should be removed for voiceband data signals and
digital data signals.

FEE) The desirability o1incornoratinr thae JF-code onerat.ion shou-ld be studied further.

(22)
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Oode converted

i-law code A-law code with coerted- (-128) ozowoith=J opertooo n

(-127) 00000000 , (-128) 0010101C 00000000
(-126) 00000O01 -(-127) 00101011 -000001

S-85) 00110 ( -86) 00000000 - 00101010
(-84) O0101011 (-85) 0000001 - 00101011

-3) 01111100 - ( -2) 01010100 - 01111110
-2) 01111101
-1) 01111110

Decoder output value number of each encoding law (see CCIMT Recommendation G.711).

5. Data link for CCITT Signalling Sstem 4o. 7

Since the transmission process of CCITT Signalling System lo. 7 can avoid Li
long zero strings with inversion of all bits, it was apreed in Working Party 2 of
CCITT. Study Group XI that for a 64 kbit/s signalling link in the j-law country the
inversion should be applied; however, in the A-law country it should not be applied.
The process for intervorking between the two countries was not clearly defined / i i

KDD proposes that the inversion should be applied in case of interworking
between countries using different standards, and that the inverters should be placed
at the gateway switches of both countries. If so arranged, the MSC need not recogni:e
the signalling channel and this channel can be handled as an ordinary data channel.
Also the all-zero word problem on 1544 kbit/s transmissim links between the gateway
switch in the -la-l country and the MSC is solved. t

The configuration is also shown cn .iure '; particularly observe note -

6. Conclusion

The interworking configuration described in Figure 1 is proposed to meet the -I
interworking requirements. A method of interconnecting signalling links for CCITT -i

Signalling System No. 7 is also proposed. In this proposal, the NSC need not identify
vether voice or data is carried.

The insertion or removal of bit operations is required at the gateway
switches of both sides according to the services. However. this kind of control is -A
necessar anyhow, e.g. for echo suppressors.

The proposal, therefore, is considered to be worthy of further study as k
possible solution to the problem of interworking between two standards.
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Annex

(to Question i'XYTI

Statement of Study Group .il as regards
data problems involved w bth its paths

During the last study period, Study Group Vi- nas identified four dif'fere:tt
cases of interworkinr between data networks at a rI kbit/s level:

- an X.50 or X.51 multiplexed stream.;

a 48 kbit/s data channel carried :n a L. Kbl"s ti=e slot
(See Recommendation X.50 bis or X.' bis';

- an X.75 digital link;

- an X.60 digital signalling link.

Conforming to Draft Recomandation Z.72x, it might he necessary to add to

existing X series Recommendations in the future- However, these additions can only br

studied when interworking between PCM multiplexes based on different standards is

defined.

Therefore Study Group VII asks Study Group XVIII to reply as soon as possible
to Question 14/XVIII. In particular, a list of i-mportant features as regards digital

data is given below

- Will the 64 kbit!s telephone and data paths be shared or not If yes.
On which basis 7

- Will signalling links (X.0, X-75, - - ) be carried under specific paths or

not 7

- Between two 64 kbit/s accesses, one located in an A-lau country and the
other in a u-law country, will the i. kb-t/s bit stream be altered er cot 7

(22)
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T- of nuation or sio M X. , studi;ed in. 2977-1980)

(a) That inttrface specif ications are necessary to interconnect
digital network components (line sections, multiplex
equipment) to fors an international digital path.

(b) That international digital path* can be interconmected through
digital switching equipment and terminated in digital terminal
equipment to form an international digital connection.

(c) That an international digital path and an international digital
connection provide for the transmission of a digital signal

=(bit*) at a specified hierarchical bit rate, Independent of the
service carried by the digital signal.

d)Th~'c to ensure the Interconnection of network components for
the transmission of digital signals (bits) it is sufficient to
specfy physical, functional and electrical characteristics of
the Interface.

(e) That pects of digital Interfaces relating to the content
(e.g.,* signalling protocols) of the digital signal. transairtd
ever the Interface ae dealt with in other Questions of 3M11I
or bay these study groisp concerne with the service carried by

= the digital s.il*

()That ec emaosG.703 specifies digital Interfaces for
Interconnection of digital natwork components at hierarchical
bit rates only.

C)That interfaces at hierarchical bit rates ior purposes other
then directly providing transmission Interconnection an
iaternatiovil digital connection (e.g.. timing control
distribution) my require specification.

Uh)sit Plecommadation C-703 is referred to in other Imncomin-
= tIOUS on lse sections and on terminal, multiplex end

switching equipment.

(1) That Mntrfaces at affr~aierarchical bit rates shall he
Specified in the releveat equipment recomeaatIOUS.

(J) That the evolution of digital technology way require the
=specification of blerarchical levels at bit rates other than tb5cs

specified at present in Recomendation G. 703.

(keTat for sft interfaces of Ascoomdation G.703 the wves for
-- Jitter require further study ad for other interfaces the smed

for jitter specIficatIon end It aprcpriate the 'elain for
= Jitter bave to be established.

I-22
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1. Should interfaces other than those specified in Recommendation G.703 be

recommended 7

2. What characteristics should be recommended for the&e
interfaces, including:

- Electrical characteristics

- functional characteristics
- Physical characteristics
- Any restrictions on the digital signals crossing tua

intoc..

3. For interfaces presently quoted in Licotmadation G.703:

- Is there a need for additional specifications for jitter and wander ?

- If so, what values should be specified ?

4. What is the impact that new transmission media (e.g. optical fibres) will

have on interfaces ?

QUESTION 16/XVIII - Performance characteristics of PCM channels at

audio frequencies

(Continuation of part of Question 8/XVIII, studied in 1977-1980)

Considering

- that some specification items in the Recomcndations G.711 and G.712 need
to be completed;

- that within a widespread digital network, it is envisaged that a telephony

connection will ultimately require only a single encoding/decoding process for each
direction of transmission;

that independent encoder and decoder will be incorporated in each telephony

connection and thus, separate transmit and receive side specifications at audio ]
frequencies are needed; ]

- that for application in local area or with digital exchanges, provision

for 2-wire analogue interface should also be considered; 2
a) What modifications to existing Recommendations 0.711 and G.712 should be
made 7 For example, the value for longitudinal balance should be studied and
specified. Also the necessity fcr the digits sequence for reference frequency and
the necessity for high pass filtering in analogue to aigital converters should be
studied.

b) What are the values and limits to be specified for the audio frequency
performance characteristics of FCM channels measured at the 2-vire point ?

c) What are the '.alues and limits to be specified for the performance

characteristics of PCM channels at audio frequencies when the transmit side and receive

side are neasured separately ?
Note 1 The measuring method for longitudinal balance is under study in Study Group IV.

Study Group XVI is also studying this matter.

Note 2 With respect to the digital sequence for reference frequency,

Recommendation G.i01 should also be considered.

(22)
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Annex 1

(to Question !6/,7i-) 4

Longitudinal balance specifications

The item contained in paragraph 4.3 of Recommendation G.712 (longitudinal

balance) was discussed taking note of COM XVIII-No. 77 (FRG) and COM XVIII-No. 271

(Canada-BNR). These two Contributions are appended to this Annex.

Study Group XVIII identified the urgent need to determine the values for

longitudinal balance as well as the corresponding measuring method. Although

Study Group IV is aware that a figure for longitudinal balance can only be given if

the corresponding measuring method is clearly defined, a specification for the

measuring method does not exist as yet. For this reason, it is proposed that

Study Group IV should pick up this matter during the next study period and prepare a 0

Recommendation concerning the measuring method of longitudinal balance on equipment

inputs and outputs.

In view of this situation, it seems not to be advisable to complete

paragraph 4.3 of Recommendation G.712 still during the current study period.

Appendix 1

(to Annex 1 to Question 16/XVIII)

Amendment of Recommendation 0.712 Specification of impedance unbalance

(Contribution from the Federal Republic of Germany)

1. Background

Item 4.3 in Recommendation G.712 is designated since 1972 as being "under

study". However, no contribution has since been presented. Nevertheless it is

desirable to complete G.712 in this respect.

2. Proposal for item 4.3 in Recommendation G.712

"14.3 Impedance balance ratio

The impedance balance ratio, measured by means of the circuit defined in

Recommendation 0.121, Fig. 1, should not be less than 46 dB in the range 300 to
3400 Hz."

3. Remarks

- 3.1 Terminology

The term "longitudinal balance", so far employed in Recommendation G.712, is

rarely used in CCITT publications. Instead, "impedance balance ratio" is used in

Recommendation 0.121. Other terms are employed elsewhere. An ad hoc Working Party

___of Study Group V and Study Group XVI (London, December 1975) has proposed a set of

new terms in respect of unbalance (cf. Doc. COM XVI-No. 7) the discussion of which in
Study Groups V and XVI is not concluded.

(22) - M
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3.2 Practical usefulness

The method prescribed in Recommendation 0.121 is vell established and is

used in existing commercial measuring equipment. The IEC recommends the same method

for impedance unbalance measurements in the field of electro-acoustics

(IEC Publ. 268-3).

3.3 Numerical value

With respect to possible cross lk due to impedance unbalance, the values

of unb-..nce of connecting cables in a station are of more importance than those of

t-he audio-frequency terminals of a PCM multiplex equipment. Accordingly, for the

latter, a value of h6 dB, as stated in Recommendations K.10 and Q.h5, will be

sufficient. It does not seem necessary to relax the requirement in the range 300 to6OC

Hz as in Recommendations K.l0 and Q.h5 since G.712 relates to four-wire ports where

problems with feed coils do not arise.

Appendix 2

(to Annex ! to Qvestion 16/XVIII)

Proposal for longitudinal balance specifications for inclusion in Recommendation G.712

(Cont"ibution from Canada : Bell Northern Research)

Abstract

This contribution proposes a set of values and the associated test m od
for longitudinal balance for inclusion in Racomndation G.712.

I-. Introduction

In the preliminary reply to Question 9/XVIII (CON XVIII-No.234, Period
1977-1980) Working Party ZVIII/2 stressed the need to complete Recommendation G.712
during the current study period. One of the items presently under study in
Recommedation G.712 is longitudinal balance.

Measurements of longitudinal balance, in particular, depend on the test
method used. This cGntribution therefore proposes a set of values and the associated
test method for longitudinal balance for inclusion in Recommendation G.712.

2. Test Method

In the past, several test methods for longitudinal balaoce measurements
have been used in Canada and .Alsewhere in North America.

In an attempt to re.ch agreement on a single method of testing longitudinal
balance "IEEE STANDARD 455-1976" was developed. This standard describes the test
procedure for measuring longitudinal balance of telephone equipment operating in the
voice band and is gaining wide acceptance in Canada. Comparative tests of

longitudinal balance on various aeviLes with four test sets constructed independently
according to the IEEE Standard demonstrated the reproducibiliEy nf Messurpmenq And
wert submitted to CCITT (COM XVI-No.73, Bell-Northern Research Period 1973-1976).
CCITT Study Group V is also considering at present the merits of the IEEE Standart!
(COM V-No.22, COM XVI-No.43, Period 1977-1980).

(22)
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Figure 1 shows the test circuits for measuring longitudinal balance
L= according to the IEEE standard. The degree of longitudinal balance- the ratio of the

disturbing longitudinal voltage Vs and the resulting metallicvoltage Ve of the
network under test, expressed in dE,- is:

Longitudinal-balance - 20 log1 og (diS

We propose to use the test met-hod described in "IEEE STANDARD 455-1976" and
as shown in Figure I when mesuri'zng longitudinal balance of PM multiplex equipm-nt. V

3. Lougitudinal Balsnce Requirements

Figure 2 show one test method which has been widely used in Canada and
elsewhere in North America in the past. Other test mthods were also used.

Longitudinal balance for the test method shown in Figure 2 was expressed as

Longitudinal balance - 20 logi rdB] ad

minims longitudinal balance requirments for the 4-vire ports of P1C multiplex W
equipment were: V

200 Hz 86 d3
1000 z 80 dB
3000 Hz 78 dB

PC1 multiplex equipment designed and manufactured meeting these requsirments is
operating satisfactorily in the network today.

Taking these existing requiremnts as a base conversion factors had to be
derived to determine equivalent longitudinal balance requiremnts for use with the
proposed test method of Figure 1.

Theoretical analysis and measz-. ntg qonfiucVM # lu lcrthern Research
show that for all practical purposes a corversionl factor of 0 dt a i be used over the
voice frequency band as long as the loritmdinal ispedance of the test speciuen
exceeds 30 k ohms. Since 4-W ports of PC( multiplex equipmet $.vti5lly have a
longitudinal impedance in the order of 1O k oms a 0 ds coweo.Ts u eactor can be
used.

Therefore, we propose to include the follou-ng lona-tudlual balance
requirements for the 4-V ports into RecomNstion G.712:

Frequency [1z] MinimUm Longitudinal Ualance [dl]

200 86 dB
1000 80 dB
3000 78 ds

(22)
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4. Proposal for Inclusion in Recamendation G.712

Sumarizing the considerations under Iteiml, 2 and 3, we propose to amend

Recomendation G.712 as follow:

4.1 Rec.G.712, Item 1, Third Paragraph

Amend the third paragraph to read:

'The values and limits specified are those which should be obtained in

4-wire measurements using tva PC1 multiplex terminal equipments connectedback-to-back (except for 5.3 below) and with the input and output ports of L
the channels terminated with their nominal impedance (excej or4.. 3
below).'

4.2 Rac.G.71Z-, Item 4.3

Delete 'Usar study. Insert the following text:

Longitudinal balance should be measured in accordance with the driving teat
circuit and the terminating test circuit shown in Figure 1 of Annex 2

Longitudinal balance is defined as

20 logs It FB
The minimum lonitudinal balance should be:

200 UZ86 dB
1000 Ra 80 dB
3000 ft 78 d2

4.3 Iac.G.712, Nev Annex 2

(to laco muedatiom G.712)

Test Circuit for Longitudinal Balance M1easurements

Figure 1 ahove the standard driving and standard terminating test circu~itsI
for longitudinal balance aeasurenauta. Nominal impedance values are:

Z 1. Z2 - Z3, Z, 368 ohms
Z5  2000 ohms

Z 736 ohms

A full description of the test procedure for measuring longitudinal balance
of telephone equipment operating in the voice band is given in 'IEEE STANDARD
455-1976'.

------------------------ ----- -- -- -- -- -- -- --

VsP.?

(a) Standard driving test circuit for measurement of single
(22) port and two port networks.

_ _ _ _ - 4=m
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To--

L UL j

(b) Standard terminating test circuit for measurement of
two port networks.

r

Figure 1 -IEEE test method for lorngitudinial
balance measurements

z VISSPECIMEN

Z - 600 ohms
C - 0.5 u±F

Figure 2 -Test method for longitudina balance measurements
used in the past in Canada
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Annex 2

(to Question !6/XVIII)

Study Group XV (Geneva Meeting, 25 June-13 July 1979) extract from
the Report of the Working Party on Echo Suppressors

(Contribution COM XV-No. 324)

"The Echo Suppressor Working Party took note of the extract from the

preliminary report to Question 17/XVIII and of the extract of preliminary reply to
Question I/XVIII and the need for disabling of an echo suppressor or canceller when
used in an integrated services digital network. Present designs of echo suppressors

and cancellers include an external enable/disable control but do not presently

recognize a signal which indicates bit integraty is required. Further information will li
be required-by Study Group XV before such disablers can be designed.

Study Group XVIII is further advised that Recommendation G.712 (Figure 1/G.712)

does note require the use of high pass filtering in A/D conventers how frequency

interference from power supplies is therefore not attenuated. This makes it necessary

for any following digital equipment (particularly those using speech detectors) to

provide high pass filtering. Study Group XVIII are asked to consider the possibility
of pyviding appropriate high pass filtering in A/D conventers recommended in G.712

having due regard to the total system economics".

Annex 3

(to Question 16/XVIII)

A proposal for specifications on performance characteristics
of 2-wire PCM channels at audio frequencies

(Contribution from Nippon Telegraph and Telephone Public Corporation)

I. Introduction [
CCITT Rec. G.712 specifies performance characteristics only for 4-wire

PCK channels at audio frequencies. It should be noted, however, that PC!
miultiplex equipents with 2-wire PCX channels have been widely used for trans-
mission between 2-vire analog exchanges, or for pair gain systems in local
areas, and will be used for digital local exchanges. CCITT Study Group Xl
is preparing the draft recommendations for digital transit and local exchanges
, where 2-wire analog interfaces as well as 4-wire analog interfaces are
involved.

IMT is of the opinion that Study Group XVIII should study the performance

characteristics of 2-wire PC4 channels at audio frequencies, and specify the
values and limits as soon as possible in order to avoid the diversification
of the specification for 2-wire PCX mltiplex equipments.

- This contribution proposes performance characteristics of 2-Vire PCX
channels as a base for the study in the 1981-1984 study period.

(22)
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2. Proposed specifications for 2-wire PCM channels at audio frequencies
A transmission path A-B shown in FIGUUE I is defined as a 2-wire PCH

channel. The values and limits to be specified are those which should be
obtained in 2-wire measurements using two PCH multiplex equipment* with
2-wire 7CM channels back-to-back and with input and output ports of the
channels terminated with their nominal impedance.

Further study is required for the separate specifications of the send
and the receive sides of 2-wire PCH channels.

2.1 Attenuati.,a/frequency distortion (Corresponding to Sec.210.712)
The variations with frequency of attenuation of any channel should lieH

within the limits *home~ in th.e sek of FIGURE 2.

The reference frequency is 800 3:. 'The input power level should be
0 dw.

2.2 Return loe (Corresponding to SecA4.210.712)
The 4eparture from the 0001'nal value, measured as return loss against

the nginal values, should not be less than 12 dS over the frequency range 300
to 600 na and loss then 15 dTAover 600 to 3400 So.

2.3 nSgitudisel belance (Corresponding to get-4.3/C. 7 12)
Further study is 09eded.

ppet Lgeituial balane for 2-wire .- M chommels 110st he speified.
RcQ4ay be Cefe"re to.

2A Stability and ocbe less (Mw items for 2-wire M chomels)
Size a 2-Wire .-. inltiplen equipment coatsia hybrid circuits for

ca-rsiam be'w, -ir i -wr~h t uisaima lss of the path 7-A-V
&%an in "=as 1 fire the peist of vie,of stability and of scho ohould
be specified.

it should be noted# however, that the loss of the path Y-A-U depends
on the losses of the pads, I and Y Mad the characteristic* of the bandposs
filters shown in FIGURE! I. Since the values of the losses due to these
circuits are left to Aduinistration* involved, the balance return loss
component of the total loss for the path T-A-U, defined in tec. G.122 ay
be a possible specification for the stability and the echo requirements.

The measuring method as wl s the values for the balance return loss
and the echo balance return loss should be further studied and specified.

2.5 Discrimination against out-of-baad input signals (Corresponding to Sec.6
/G.712)
lec. C.712 Sec.6 specifies the loss in the range 4.6-72 kRz. for 2-wire

7CM channels, it might be necessary to specify the lose arround 50 ER in
order to discriminate the interference from power cables. Further study is
required.

FEET 2.6 Go-to-return crosstalk (Corresponding to Sec.1310.712)
Since it is difficult to measure go-to-return crosstalk for 2-'wire PCH

channels, this item is left unspecified.

2.7 Other items
for items other than those presented above. the sane specifications so

those recomended in Rec. G.712 for 4-wire PCM channels should basically be
applied to 2-wire PCM channels.

1W 3. Concluaion
M proposes that Rec. C.712 should involve performance characteristics

of not only 4-wire PCH channels, but also 2-wire M channels. The values
and limits presented above are proposed as a base for further study.

(22)
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Annex -

(to question I /XVT2 =

ProDosed Dri-ncinles and tentativ.e values ouantrso
seraxate specification. of PCM chann-el & a aL I recue:1cles

Sbzld the requirts or G-722 be relawed in any case

Considerabl* discussions too place on this quesftion Of Whether, in
= defining tae separate limits for the send sd r-celve sides, it vcUld be acceptable to

bevU a situation *ereby a ri-zt afverat cambimatior of send and receive sides v-na-d
hae an overall perforance sli,~tay inferior to G.712. ?be genera~l feeling vas twst
M~r most parameters thi separate limit.,ssa be defined in such a way that G.712
ialvays met. Nowver, BW delegates wer of the opir-ion that for sm parameters

at least (e.g. total noise. Crosstalk, gain vatsus Level) it wold be unrealistic to
a"l such separate limits andtbs' would be willing to accept that for a most ad1verse
Cluintion, wkich would occur only vr infrequently. then an overall performance
very slightly inferior to G.112 would be acceptable- 7ais point could ot be resolved
Ge it us agreed to consider the question for each parameter lazer.

Shul sep ate limits be establiabos for evr parmter in G-112?T

All the permsters in 9.722 vae considers& sod Table 1 is a wiey of the
wanat remeed an bo ec igemear aol be dealt wiLth.

3. Shold thine be MW diffawme in the limits auplicable to &-lawe or p-la

Wersbetad greed ca the deirability' of having com limits but sm
6sUepex emed the opzio tha for certain parmnters the differences betwe
ta tboortical pmfb sd the limits given is C-722 we rate small sod it
sigm be unoseey. in cmrtaia eases. to defie differest limits. ThUs point will H
have to be emolvi ft iadvi*ua prtrs wce 4&0cuseed.

4. Mot bais at allocaion of Limits shold be defined I

It wa ev~e th a single prineipi. could Ue adopted but rather the
alocation woul he dAeaet, u" the paramter in qmestion. la sme cases it was
rawise t~t voltage or p ~ mmotu ulA apply sod futboe it woid not
n1.~s be agepriato to allocate. limits eqully' for the sead ed receive sides-

JAa mrin be isie measurnt errorl 7

At rims confusion Ocoee Iem of an apparent discrepancy between the -
Malis& and Fkic versions of the second ub-paragraph of parsgpaph 1 of G-712. It

em greed tbat the spirit of the ftai& version ebould be followed and that the limits
to be defimad Abol mot includ. & marin to take OCC~unt of the Sssureneat
Iinccuracy at test equiymnt. 1busez, verfozae limits should be et in all cases

~igdo& afl.ve.- for Wn iaccumay in the testiug techniquc.

The corect ?rmabh translation of the &Wlish version is "s follovs

-Los limirse de qua12tt - - - - tons les cas. sauf en cas d'ixtxrels ion
twnuelle des uitbodes de atsure appliquies." Al

(22)
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Tentative values for parameters

On tne basis that the limits would be ope-2 to future smenjinent * it was
afreed that some tentative values should be propesed for same of tte parameters that
require separate specifi;tin It was felt by delegates that if numbers exist then
this will encourage people to carry out seasurmets and further stucies in order to
determine whether the limits are feasible and 'e..istic -

In proposing valacs. the basic concepts of a -standard send sidL .nd r. ta-4.,rd
receive analyser were accepted. The definitioxcs of such hypothetical devices are as
follows

a) A standard send 3ide is a hypothetical device which is absolutely ideal.
i.e. * a perfect analogue digital converter preceded by an ideal low pass filte- (assumei
to have no frequency attenuation distortion and no envelope delay distortion) or It is
a digital processor which simulates the above.

h) A standard receive analyser Is a hypothetical device which i~s either a
standard receive channel that is absoluteU iAda. ie a perfect digital to anlogue
converter followed by an ideal low pas filter (assumed to have no frequency
attenuation distortion and no envelope delay distortion) onit is a digital processor
Ahich simulates the above.

in practice it is eviaaged tha test equimet based on these concepts*
wilbecome available. Although such eqipment might not be perfect they should

lieve adequate accursicy.

-~ . i) Attenuation frequency distortion

Bach of the lisats for the sad and receive aiCee Should be half or the
0.712 limit.

Comet: this reflects the agrement &Ie'rea chedl at the loot inig
-- ofWorking party X-;-!112_

ii) govelopt dei.r distortion

Ea&ch Of the limits for the send and receive sideshuld be half or the
G.712 limit. In addition, the upper limits far tte value of the minimu group
propagation delay should be half of the G-.12 lmt.

Coment :som delegates .u1preaed doubt about the feasibility of carrying
out such uessurmnts in practice but 4t least this requirnt should be considered
sa a design objective. One delegate suggested that the presee of % hum rejection
filter only on the send side of some equipment might, new that more than half of the

= overall limit shiould be allocated to the sen side.

Vith regard to the limits for the mintI*u group PrVVAation dezaY. saw
delegates considered that a slightly larger allwance should apply to the encodinig
function because. for examole. it would seem reasonable for & single chanl mnoder

-= to take up to 125 js to produce an output 0ode word. In the decoder, the reconstructed
output is available almost Immediately after the application Of the Input code word.
Even with 100 S sample and hold the Consequential delay Is only 62.5 as. It sight be

-~ appropriate to allocate the separate limits by applying the following equation

2F 125 *62.5 G.712 limit

where F is the delay or the rilters.

(22)
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iv) Shornd loom term stability
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vi) Idle channel noise

Figure 1 shows the measuring arrangements together witn a summnary or the
various proposals. In comparing the proposals for the send sides, the only dirrerence
is the limits. For the receive side, some delegates considered it necessary to
introduce the signal shown as Xi which, in erfect, .is a test to ensure that the dteodvr
quantum step sizes are not excessively large..- Other delegates considered that this
extra Complexity was not necessary since other requirements,, such as quantizing
distortion and linearity, ensure that the quantum step sizes are reasonably precise.
This point requires further study.

tAI

Ai Bo X1 Yo

174 (UKPO)
252 (Italy) BI (NTT) 306 (ATT)
284 (France)
294 (FRG)

Al -

Bo - 66 dBm~p - 67 dBmOp - 68 dBmOp

-i 67 dBmOp I) Ile code

coded white noise ii) 

Yo -75 dBOp - 65 dBmOp i) - 75 dBmOp

Ii) - 65 dBmOp

*- 68 dBmOp coded white noise with
variable de bias of + 7 quantum steps

Figure 1 - Idle channel noise measurement arrangements and limits

vii) Inter-channel crosstalk

For both far end and near end crosstalk, it was recognised that there were
two contribution. to each. These are termed local and distant terminal contributons.

After considering the various contributions and after considerable di.,cu.13on,
It was agreed that the method of defining crosstalk in G.712 is not entirely
satisfactory since the gain enhancement effects that can occur in encoders at very low
input levels mask the real crosstalk. A test method that effectively evaluates the
analogue crosstalk is muach more appropriate and it was noted that a number of earlier
contributions have been made on this subject (COM SpD-No. 59, August 1970 and
COM XVII!-No. 8). They are all based upon the concept or adding a low level activating
signal into the disturbed channel.

Figure 2 illustrates the measuring arrangements that are appropriate as a
basis for further study.

(22)
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SEND . - -RECEIVE) local terminal distant

contribution terminal
contribution rition

SEND - - RECEIVE

EYo
Cl

a) Far end crosstalk (FZXT)

Ai xi

'4' i

-* EMD ---- RECEIVEL) local terminal j distant
contribution ) terminal

contribution

=RECEIVE SEND -

Co Zo Ti

b) Near end crosstalk (NEXT)

Figure 2 - Near and far end crosstalk

Ai disturbing signal 11 disturbing signal

Bo local terminal contribution Yo distant terminal cmtribution
to FEXT to FElT

Ci activating signal Ti activatirg Signal
Co local terminal contribution Zo distant termnal contribution

to NET to NEXT

viii) Go-to-return crosstalk

The same comments apply to this parameter as stated above for near end
crosstalk. However, the eventual limits may be somewhat different because of the less
stringent requirement of G.712 in respect of this parameter.

(22)
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ix) Variation of gain with input level

It was noted that this was another parametvr for which the two poszi:e- 'eJt
methods represent a different level of stringency; the metnoc Dasec upon tne
sine wave signals being generally much more eaiy to satisfy. For the latter. a zp:;t
of the overall limit on a 1 : I basis between the send and receive sides was net
considered to pose any real difficulties.

The limits shown in Table 4 are based upon the figures in
Delayed Contribution BI which are calculated assuming worst case addition for iy

combination of send and receive sides. The group considered them suitable as tLn
basis for further study.

TABLE 4

Variation of gain with input level - Method 2 (sine)

Input level Send or receive side
dBmO limit (dB)

* 3- -140 + 0.25

0- O -50 0.7

- 50 - - 55 ± 1.8

In the case of Method 1 (noise), it was not possible to agree on what basis
ti.e overall limit should be split. Some delegates favoured an equal split while others
thought a split in favour of the encoder to be more anpropriate.

All delegates agreed with the view that the requirement for the input signal
range - 55 to - 60 dBmO was very stringent and possibly unnecessary. Bed ing in mind
that these signal levels are down in the same order as crosstalk and noise signals
present on the system, this point should be studied further. As a basis for this work,
it was recognised that the Appendix of COM XVIII-No. 252 (Italy) is a useful document
and this is appended to this report.

7. Additional observations

During the discussions a number of observations of a general nature were
made. These points were not considered to be within the terms of reference of the
group, but are nevertheless brought to the attention of Working Party 2/XVIII.

I) Some delegates noted the poor correspondence between the two methods
recommended (or testing total noise and linearity as defined in G.712. In particular,
the llnearitv required at very !ow levels ror the noise test method is very stri-gent
and it is recommended that the need for this level of performance should be reassessed.

:) Some 1iretates noted tht ,-e r'it ~r 7' .12 ray be r, "

to reflect the results of the study or" sepnra.' ,,pee-f;cation of PC0. channels.

(22)
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TABLE I

eNew lmits

Parameter required for Coent

Send Receive
side side

Attenuation frequency i s

Envelope delay /
distortion and minimum
group propagation delay . . ..

Lh

Impedence and return 
r

loss- already cceredloss _____________

Longitudinal balance - - in G.712

Idle channel noise / /

Single frequency noise already covered in
Sin G.712. These are

4 only applicable to

Receiving equipment receive side
noise performance

Discrimination against - already covered
out-of-band input G.712. Only
signals applicable to send

side performance

Spurious out-of-band -- already covered in

signals at output G.T12. Only
applicable to the
receive side

_ _ _ performance

Intermodulation - Working Party 2 has

previously agreed
that it is not

necessary to

ieparately specify

Total distortion
including QD

Spurious in-band - - the Group considered

signals at channel that it vas not
output necessary toI separately speci,-y

this parameter

(22)
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TABLE I (con*-.) 121

Koi
J New limiuts
required for

parameter Comment

Send Recei-e
side side

Variation of gain/
with input level

Interchanlel / both near end and

crosstal1k .far end crosstalk to
be considered

Go to return I/local and distant
crosstalk terminal

contributinns to be
considered

Interference fren- the Group

signallingS considered -hat it -

to separate.ly
specifyA7

Relative levels at -- 
alre@ay covered in

input and output G.712

Short term an, long
term stability 

T

Adjustment of /this item is

relationshbip between already effectively

scdin4 law and covered in G.712

audio level __________

Note For saw parOMters the appropriate limits already appear In

Recomendationi G.fl2. Hovever. they will need to be considered in term of the

noasurments arrangmnt to be adopted.

(22)
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Appendix 1

(to Annex 4 to Question 16/XVIII)

Separate specification on total distortion including
quantizing distortion

(Contribution from Nippon Telegraph and Telephone Public Corporation)

1. Allocation of total distortion to sending and receiving sides

Notations used in the Appendix are shown in Figure 6. The following
assumptions are considered here.

(1) In Figure 1, degradation in sending side, NS, and degradation in receiving
side NB, are assumed to be added on a power-sum basis.

(2) In Figure 1, Ns is permitted OL times as much as N . From circuit experiences,
a = 2 seems reasonable.

Figure 1 - Degradation in a codec

The signal-to-total distortion ratio for the end-to-end of the codec is written as

(S/N)sR S/(NQ + NS + NR) ............... (1)

= . Measuring separately, S/N values for a coder and a decoder are respectively given
as follows:

(S/N)S = S/(NQ + NS) (2)......(2)

(S/N)R = S/(NQ + NR)

Now, from Eq. (1) and Eq. (2), the following inequalities can be written.

X

(S/N)S S/(NQ + NS)_ 10 (................ 3)

(S/N)R S/(N° + NR) 0 10 ................ (4)

f

(S/N)SR= S(NQ + NS + N R) at 10 .......... (5)

When a coder satisfying Eq. (3) and a decoder satisfying Eq. (4) are connected, the
end-to-end performance of the codec should satisfy Eq. (5). Then, the following
condition should be met.

-10 1o +1o 10- .
10 + 10 :10 +10. . .............. (6)

]From assumption (2) mentioned above,

To0 10 10
10 -10 o (10 +10 10) ......... (7)

is obtained.

(22)
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Now, curves can be drawn which represent Eq. (6) and Eq. (7) for given f and
g. Since f rnd g are dependent upon the input level, 2 , a number of curves can be
obtained corresponding to . . In order to guarantee the existing G.712 S/N limit
when a coder and a decoder are interconnected, the level,. o which maximizes
(,- f), should be used. In Fig. 7(a), shaded area shows theoregion where the S/N
of a coder-decoder pair is guaranteed to satisfy the existing G.712 S/N limit even
fi the worst case. The point P on the curve correbponding to Eq. (7) provides the
desirable separated values which maximize the permissible margin from the theoreti-
cal S/NQ.

In the contribution, COM SGXVIII - NO. 174, the point Q was selected for the
allocation. Although the point Q can provide the larger margin, the end-to-end S/.
performance cannot satisfy the G.712 S/N limit in the worst case at -any input level
except the level to minimize (g - f).

The allocation method described above enables to easily obtain the required
S/N increase from the G.712 S/N limit and the margin for manufacturing.

2. Numerical examples for the sinusoidal measurement (Method 2)

Fig. 7(b) shows the separate specification for 6-bit U -law encoding obtained
with the SI/N allocation method illustrated in Fig. 7(a). The required S/N increase
is 2.3 dB for a sending equipment and 3.4 dB for a receiving equipment. The
minimum margin, niS and mR, is 2.7 dB and 1.6 dB, respectively, whtch seems
realizable from a manufacturing point of view. In this figure, the end-to-end S/N.
performance in the worst case is calculated to illustrate that any combinations of
sending and receiving sides can meet G.712 S/N limit at any input level.

In Fig. 7(c), the separate SI/N limits obtained above are applied to A-lawv
encoding. The minimum margin, mS and mR, is 4.5 dB and 2.5 dB, respectively.
The end-to-end S/N performance can satisfy G.712 S/N limit in the worst case.

Accordingly, this separate specification may be regarded as a possible
separate standards for Method 2 common to both j -law and A-law encoding.

3. Numerical examples for the white noise measurement (Method 1)
When the cross.point between Eq. (6) at the input level to maximize (g - f) and

Eq. (7) at the input level to minimize (g - f) is selected as a separation point, the
resultant minimum margin, lmin. (ms).and Mn. (mR), is too small to realize practical
circuits in case of *Method 1. It is, therefore, necessary to change the values of the
S/N increase from the G.712 limit, depending upon the several input levels corres-
ponding to the edges of the 0.712 S/N mask (Figure 4/G.712). Fig. 8(a) sho%%s a
separate spe-ification of 8-bitA -law encoding for white noise measurement. The
end-to-end S/N performance in the worst case satisfies the G.712 SiN limit at any
nput level. Minimum margin, Min- (mS) and Min. (mR) , is 2.5 dB and 1.4 dB,
respectively.For A-law encoding, the separate S/N limits can be specified in a similar

manner. Fig. 8(b) is an example of separate S/N limits for 8-bit A-law encoding.
The separate specification guarantees to meet the G.712 end-to-end S/N limit in the
worst case at any input level. However, from a manufacturing point of view, it seems
extremely severe to clear this separate specification at low input levels where mini-
mum margin, Min. (mS ) and Min. (MR), is approximately 3 dB and 2 dB, respectively.

-Some relaxation may be necessary in this case.
According to the numerical examples shown above, it may be impossible to pro-

vide a common separate S/N limit for both V-law and A-law encoding, when the end-
to-end S/N performance for any combinations between sending side and receiving side
is required to satisfy the G.712 S/N limit (Figure 4/G.712) at any input level.
Further study may be necessary in this connection.

(22)
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S/N Theoretical S/NQ

f .G1 Specficatio Spec.

f Sedn sid specification (dB)

y :Receiving side specification (df3

ins Margin for manufacturing sending equipment (da

MR. Margin for manufacturing receiving equipment Cd I
Input level (dBmO)

Figure - x-ianation of the notationI

71



152-
COM XVII-flo. -

0 40 -..
5 0 J 0.

- ~ s -4 0'

* ~ ~ U th a.fa.-.
C M c -0 .. "

4A 4' 4' ME0

0 a a c ,...

to a 0, 0

~ 3 MM .n
* 0 3 G4 el

.4 4 -e

i4 .4 .4 C,

IL



COM XV_-II-No. 1.--

8bit, -law encoding
Sinusoidal test (M4ethod 2)

SIN Thoretical SIN for/Ilwecdn
40 jQ lwecdn

(dB) SIN limit for receiving side

30 /G.712 specification

20

0D-2.3dB Kin~m )-2.7dB
=3t1 S

34B Kin.(3 )l.6dfl

0 -.10 -20 -30o 4 -SO0
Input level (d~mO)

rigure 7(b) SepDarate specification applied to U-lav encodingV

8 bit A-13w encoding
Sinusoidal test (Method 2)

S/N Theoretical SIN for ^-law encodingj
(dBl SIN limit~for receiving sideJE

S limit for iending side

ImI
End-to-en~i performance in the

20

A

10 0 -10 -20 -30 -40 -So

~..put level 'Ad.-f

-A1
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Apnendix 2

O An.nex t- to Question l6/x .) 

Variation of szain versus input level (noise signia, Method !1
(Contribution from the Itali-an Adinistration'

Part.icular care has been taken when analyzing this perfo-ance because -e

relevant requirement of Recoendation G.712 see--s to be very stri gent.

Measurements on equip-ents of different nanufacturers indicate that
Recomendation G.712 is complied with good =argins down to input signal level Tf
-50 dB 3. Converselyv the margin~s are reduced when the input signale- levels art les

than -50 dBm0. it has also been observed that Reco=endation G.71 - , concerning- in

versus level, with sine-wave sig.al (method 21 is less restrictive than
Recommendation G.712 with noise signal (method 1); in fact the followirg table holds
true

Level Margin Margin
with wtt.h

(d ) sine-vave signal n1oise signal

-6o (not specified) 1 dB

-55 > 2 dB 0.5d3

-50 0/ B0.5 dB

Margin flecommendation G.712 mask minms theoretical gain variation.

On the basis of these considerations a computer simiation has been carried
out in order to reach "reasonable" separate i-its valid for the send side Ad the
receive side, respectively.

It will be possible to deduce from the folloving discussion that the sinpic
division by two of the present Feconendation G.712 leads to .n excessive
requirement on the accuracy of the decision and reconstruction levels.

At signal levels lower than -55 d-, it -is difficult to set separa-e iits,
in view of the extremely coarse quantization of these signals. ..-reover, at theZe
levels no limits are set by Reco-endation G.712 for sigu.-2 to qantizing distortion
ratio.

For the above reasons, no separate limits for gain variation have teen
considered for input levels lower than -55 d-.-

Send side

-n the study, it has been assumed that the encoder has a * IC tolerance on
the decision levels, and that the reconstruction levels of t- decoder are at
nominal values. A statisti:cal analysis has been carried out on t#V ests with unir
uroablity density of the tolerance with;n the =enti lIts.

(22)
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Final remarks

The separate performance limits proposed, appear adequate for equipment of
reasonable complexity.

It can be noted that the separate limitb proposed for tests with noise
signals are still more severe than those proposed for tests with sine-wave signals.

It seeas reasonable to consider a statistical approach in defining separate
limits. In facc, a worst-case analysis could easily lead to the practical
impossibility of dividing the limits of Recommendation G.712 between send and receiv
sides. As an example, Figure A4 depicts the worst cases of gain versus level for
send side only C , receive side only ( and end to end f To obtain the curves
of Figure A the decision levels + 1, + 2, . 3, + 4 have been assumed to be 10 %
smaller than nominal, while the reconstruction levels + 1, + 2, + 3, +4 have been
assumed 5 % greater than nominal.

Obviously this case does not satisfy Recommendation G.712 neither for end
to end nor for the send side alone, the probability of this case being nevertheless
negligible.

(22)
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I rLIG
dB

.21
Rec. G-712f

.0.3

S 4- -5 s
dBmO -65 60.5te". level

CQ Send Side only worst case; 10 %tolerances

- ~Receive Side only worst case; 5 %tolerances

- ~ Send + Receive Sides
worst cse;
10 % 5 % tolerances

Figure ALL Gain versus level; noise signal; worst caseE.
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QiESTIM 1 7IXVII -h2ctrs :s of pOM. nutrexic, i~en n te

terminal e" ensfor tv-;~ce frequencies
(C~~nuto~of nart ~fQuezti on ~~1, studid -i n ',77-1 4i-

that r.ecent progress 'q1 ~ az mpa; e~~ h ~
studivz; might result in a need 'or mouilficatlon of t.he present Recommndatlo.-s On.?2
muiplexing equipment;

that studies on ent. aing methods of- speech and voice-band signalIs other *,!a-
PCX and a'-so studies on higher order PCM mutiplexing equipment might result in a need

for recommending new terminal equipments for voice .requencies; an

a) What modifications to existikng Re0mnain .7311-733 adG7Lshol -
made ?

b) Uhat new term~nal equzpment should be recommended for Voice fr#-quenc:.:..

other tnan those recommended in Recommendations G.732, G.733 and G-74L

Note :Coding parameters for analogue-to-digital conversion processes, other than PCM,
will be studied under Question /Ii

TjEST ON 18/Will-! Charactertstics of &gtlmultdupex equlflmemt 211

multiplexi:ng arrangements for telehony and other signals
(Continuation of part of Question B/XVIIl, studied in 1977-19801)

considering

that the introduction of large-capacity disital transmission systems as well
as wideband encoders for video signals may require Recommendations on higher-order
hierarchical levels and associated digital multiplexing equipment;

that octet-Interleaved synchronous multiplexes may find wider or more
flexible applications in digital networks;

that the progress in the digital network struacture studies may result in the
modification of the present Recommendations on digital exchange term-inals or definition
of new multiplex arrangements between exchanges;

what new or modified arrangements or characteristics for the following
- applications shoul-d be recommended ?

2.~

_____ -- ____- -M
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- digital multiplex equipment usinc just:frcation;

- synchronous digital multiplex equipment;

- multiplexing arrangements and related characteristics to be used between
digital exchanges.

in particular, the following specific points require study

Point a) - What modification is required in the existing necormiendaticns rvlevant
digital multiplex equipment using justification techniques (G.h2, G.'7i3, etc.)

Point b) - What higher order or noza-hierarchical digital multiplex equipment u.inr
justification should be recommended (see Question 19/XVIII) 7 In particular :

i) above the fourth order at 13926L Kbit/s

2) above the third order at 32064 or 44736 kbit/s

Point c) - In defining the specifications pertinent to points a) and b) above, shou.d
provisions be made to multiplex the n-th order signals directly to (n+m)-th order
(m 2) ?

Point d) - What modification is required in the existing Recommendations relevant
to synchronous digital multiplex equipment and multiplex arrangement for use with
digital exchanges (G.734, G.735, G736, G.737, G.738, G.739 and G.746) ?

Point e) - What new Recomendations are required in the area of point d. above

Point f) - What conditions could be set concerning the use of service bits defined :n
the multiplex frame structures 7

Note : If interfaces should be specified for access to these bits, reference should be

made to the studies undertaken under Question 3/XVIII.

A
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QUESTION 19/.XIiI - Network aspects of existing and new levels in the
digital hierarchy

~Consideri ng

a) that the digital network is expected to expand both in the trunk ana the
local area;

b) that services other than telephony and data will have to be accommodated in
the network and are expected to share thp facilities to be provided;

c) that new technological development may enable efficient use to be made
of existing and new transmission media;

d) that the introduction of new services may require tne provision of new
levels in the digital hierarchy.

1. What levels, if any, in the digital hierarchy should be defined in addition
to those already recommended by CCITT ?

2. What should be the basic characteristics of multiplexes (transmission
capacity, frame structure, service and maintenance facilities to be incorporated),
which will serve as a basis for the subsequent studied directed as establishing
recommendations for equipments ?

Note 1 - When new hierarchical levels are defined, account should be taken of (e.g.
their possible use for various services).

Note 2 : The characteristics of digital line and radio sections are studied under
Question ll/XV-IiI.

Annex

(to Question 19/XVIII)

Summary of the study perfcrmed during the 1977-1980 study period
concerning digital transmission of sound program e signals

Various proposals for digital transmission of sound prograsme signals are
summarized in Table 1. It is noted that this Table is only for information purpose.

The Appendix gives the reply to CMTT concerning digital transmission ofA
sound programme signals.

(22)
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(t0 Annex to Qzestion 19/VZ

Rel:tO concer:nn dizital : tsinof'
S2-:~?r~iesna-Is

1. Introduction

In Delayed Iontrit,&:tioa P or Study Iroup WIN!: (dreft revisiwi of
Report 6.7IC?'!V V.40r as"' Studly riroup XVIII severs! qurstiors relat inr to the
digital tranartzsion of sounI proarAe sisnaIs. These questlon! are roand in.

= Annex I of the Docient P / C~ff/3l(evl) I.

'The questions relate to itevc vhico: are at present under stuly -n
Study Gru XVIII. Consequentiy this "sCuoent is an irnteran r-piy &H~ f-jrther
inf~-mtion will be forwarled wh~en it is availaktle.

l. Specs ic answers

i) Error rate, error distributioan. etc.

These factors and their subdivision amon, various parts of t~.e total nrtvort
are currently teing defined fn Ouestion IX2I ecOn-=erndat-ion G.821 gives -,%e
resu1'-s of t- Ztudies tc date.

iz ccess to the netvork

a) The number of sound pror-e circuits required on internatioral connections
is generally supposed to be sz-ailer than ;rimry 1-irel digital path capacity which is
equivalent to thIrty or tventy-four voice channe2.5 Consequently, in the ca.4e of
digital sound progra--e trans=ission, it seemms tc oe very advisable to stanardist-
terminal station arrangement which will allow the cost-effecti;ve joint use of the

primry lveldigial ah.Frti pptain h rs bit rate of adigtized

acces totheprimry lvelshoud beeiter troug a ew eect ica terface or

b) Where the entire primary level digital path is dedicated to a rAnber of son.1
chnez h ccs a be attepiay;trt.Tegosbit rate or a digitizec
15 k-zsound-programme canlmyb38 its(chnesin 201.8 kbitls, !a channels
in 1544E kbit/s) - Howverr, in the case of 201.8 kbit/s hierarchy, it could be reduced
below 381; kbit/a i-n order to provide 6 channels on one 201.8A kbit/s digital path.
In the latter case it could be necessary to def ine a frame structure of the
201,8 kbit/a signal different fro that recommwnded in Recommendat ion G.732.J

z'rasicron.is accessn:

W-;ere * r~ z mutilx level i~shared wit.: other services such as

1=. *---*- sirna~z t zyrchrcnizze sound prorne codecs could be ro e
form a- -- r--' di rr* orli c,%ntrad ict iornal .nterface as iITaena

E%21
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unlikely to be geared to tne needs of dt:t- s-nl rrr--- ar-..on and tak:=g 2
into account the evolution towards a zynchr-r-us netvork, the acces -to the pr:mary

level should be in such a way as to allow asncn--rncus operattcn usi:e Justficatc.n

technique.

The content of a digital signal at 35!. kbit/s Chould be .if:ned, wh:ch

includes a small amount of spare capacity for houzekeepirC functions includrnc t::e
justification information (not more than a few kbit/s).

Study Group XVIII shall define a nultiplex:.- -ethod for synchronouz a-rCss
(which ill not make use of this spare capacity far u.t:cat.on' anl for as.nzrVnaus
access (which does make use of the spare capacity).

The system concept envisaged is given in Figure 1. Study Group .VIfI wil

decide later if a new digital interface should be specified or not.

It is expected, that tnt clock-frequency inaccurracies of the encoder and of
the parts of the network, in the case of asnchronous access. will not be more than
_ 50 pp each.

b) in case ii (b)

Since a complete primary level is used, the access need not be synchronous

with the rest of the network. If switching in the digital mode of sound prora---e
channels is envisaged, slip will occur unless the total network incolved is
synchronized.

iv) Tariff principles

Tariff principles are not the responsibility of Study Group XVII.

v) Aspects of multiplexing and network svrchronization

CCMI has recoended in Reco-endation .511 that the international digital

links should be operated in a plesiochronous mnner with reference clock of very high

accuracy (l0-1). This implies that the nat onal networks are either fully synchronous
or plesiochronous with the same accuracy.

It is pointed out that a slip rate of I slip in 70 days per plesioch-cnous

interconnection is the resulting theoretical slip rate, taking into account clock
accuracies according to Recommendation G.811 only. However, account should also be

taken of -ractical network characteristics encountered under norm-al operating ccnditions

even where synchronized national networks remain synchronized. As a guide,
draft Recomendation G.820 for a 64 kbit/s end-to-end connection (switched or
permanent), mentions sigested value of I slip in 5 hours.

Digital sound progra e channel interconnection can be realized w-it.out a ny

fr.'uencv adaptation if the terminal stations belong to the sae synchronous network.

Zmile frequency ada-tation by means of slip tecmique is perm-itted if the term:.al

sb'tios belong to different synchronous networxs with the clock-accuracy as srecified

in qecon=endaticn %.all.
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4jve i.h j, iont :urdti isi tuati'on t!.e t~mna! -tation *wjJl

likely 1-e opera--- at lov,:r -Iooc. accuracics as spec"If!~ by Recomenati~ns G.73

and .1733 (s x .nt~ case the pzn rogramne fienal should L.Justified at

all asvnctironoasi xnterconnrc:i:.g points, zr tht: Intercornt-cion should '-e at analogueN

interfaces.H

It is noted t;hat t;,-. above s-nc:wronoxs irt-rconnection applies without any

restriction as ionc as tiv Telecom;%unication Administrations are responsible for

terminal station including encoding. in the event that encoding should become the

responsilility of the Broadcasting Organizations, it is only applicable if their clocks

are in synchronism with hat in the network of' the Administration concerned. I

t

A

(22)
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~~x~~~flatj;,- ls of Zhiueuos rfe yStud Gops111I, I, . X'

and XVIII reves-s that each Group intends to study -vaxrious aspects of the IS-_1 In
order to avoid overlapping and psiyconflicting results the
ViLth CCIT.' Plenary Assembly agreed that the areas of responsibilit for the study
of !SDI; should be assigned as follolws

Assii~a to

1. Services and facilities interpretation and coordination XViI!T
(taking into account the requirements identified by -

Study Groups I, 11, 111 and VII).

2- General ISD)N aspects and guidelines, quality of service, V!
numbering, performance targets, maintenance principles
and miscellaneous subjects not more specifically
identified (taking into account the requirements of
Study Groups I, II, IV, V11I, XI, XVII, and OMBD).

11fte It is considered tat Items 1 and 2 above are

of high priority.

Digital transmission standar"ds and performance (loca:l )rXVI
and inter-exchange). The study of hypothetical
reference connections is in the comoetence of
Study Group XVII th sudy of hypothetical reference
digital paths is in the competence of the specialized
Study Groups of CICITT and CCTIM, the study of reliability
and availability is to be coordinated by OM4D.

Note :Also of interest to CCIR.

41. Svitching aaspects and parameters (taking into account X
tne requirements identified by Study Grcups VII, XV71I
and XVIII).

Note :In the case of mixed mode switches (e~g. T4SDYj

circuit and packet) other Study Groups vill also be
consulted.

5. ITnter-exchange signallinZ system (Mesage Tranaffer Part
(!'IP) and appropriate User Part(s)) (taking into accoun,
the requirements identi fied by Stud:. Groups VII and IX,'.

6.Subscrioer-exclange signalling system 'taing ito _
acce~uwit the reo'ire.rents identified by Study Groups I.

1L, VI nd XI and coordinated by XVI1-1 see It-e= 2).
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Assign to

T. Subscriber-network interface

i) Interface B XI

ii) Interface A - Voice services XI

iii) Interface A - Non-voice services VII/XVII

iv) Interface A - Alternate voice/data VII/XI/XVII

Close collaboration between Study Groups VII, XVII
-.nd XI will be required to ensure compatibility between
i ), ii), iii), iv) and the subscriber signalling

3ystem identified in 6.

8. Interworking (inter-service and inter-network)

i) Data VII

ii) Telex IX

iii) Telephone XI

iv) Data over the telephone network I/II/XVII

v) Teletex I/VIII

vi) Facsimile I/VIIl

Note Collaboration between the Study Groups referred
to above will be required to ensure compatibility in the
carriage of the various services on ISDN and other
networks.

9. Digital telephone instrument XII

10. Tariff aspects III

(22)



COM XVTTi-;;o. !-E

STN T LTSE

SA S C * 0 CCT-3o

r s
LEGEND

ST - Subscriber terminals

NT - Network termination

LT - Line terminal [

SET - Subscriber line exchange 1-
termination

Functional interfaces A, B, D-I

C--.- Subscriber line transmission

Figure 1 - Possible functional interfaces*) in digital local access

) "Interface" - "a concept involving s-ecificaton Of the inercor neci n v
-age 89, Orange Boov, "Definitions"

(22)
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